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(54) VOICE/MUSIC SIGNAL ENCODER AND DECODER 



(57) It is an object of the invention to excellently 
code a speech and music signal over all of bands in a 
speech and music signal code decoding apparatus hav- 
ing a band divided constitution. In order to achieve the 
object, a residue vector is generated by using an 
inverse filter (230 of Fig. 3) from a difference vector out- 
putted from a first differencer (180 of Rg, 3). A band 



selecting circuit (250 of Fig. 3) generates n pieces of 
subvectors by using a component included in an arbi- 
trary band in the residue vector subjected to orthogonal 
transfomiation. An orthogonal transfonnation coeffi- 
cient quantizing circuit (260 of Rg. 3) quantizes n pieces 
of the subvectors. 
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Description 



Technical Field 



5 [0001] The present invention relates to a coder and a decoder for transmitting a speech and music signal at a low 
bit rate. 

Background of the Invention 

10 [0002] As a method for coding a speech signal at medium and low bit rates at a high efficiency, there is widely used 
a method for coding a speech signal by separating the speech signal into a linear prediction filter and a drive sound 
source signal (sound source signal) thereof. 

[0003] CELP (Code Excited Linear Prediction) is one of the representative methods. In CELP, a synthesized 
speech signal (reproduction signal) is generated by driving a linear prediction filter set with a linear prediction coefficient 
IS calculated by subjecting input speech to a iinegir prediction analysis by a sound source signal represented as a sum of 
a signal representative of a pitch period of speech and a noise-like signal. 

[0004] With regard to CELP, a description is given in M. Schroeder et al "Code excited linear prediction: High quality 
speech at very low bit rates" (Proc. ICASSP, pp.937-940, 1985) (Reference 1). Further, a coding performance with 
regard to a music signal can be improved by constructing CELP, mentioned above, by a band division constitution. 
20 According to the constitution, a reproduction signal is generated by driving a linear prediction synthesis filter by an exci- 
tation signal provided by adding sound source signals in correspondence with respective bands. 
[0005] With regard to CEIP having the band division constitution, a description is given in A. Ubale et al "Multi-band 
CELP Coding of Speech and Music" (IEEE Workshop on Speech Coding for Telecommunications, pp. 101 -102, 1997) 
(Reference 2). 

25 [0006] Rg. 1 is a block diagram showing an example of a conventional speech and music signal coder. Here, for 
simplicity, a number of bands is set to 2. An input signal (input vector) generated by sampling speech or music signals 
and summarizing a plurality of the samples in one vector as one frame, is inputted from an input terminal 1 0. 
[0007] A linear prediction coeffteient calculating circuit 170 is inputted with the input vector from the input terminal 
1 0. The linear prediction coefficient calculating circuit 1 70 can'ies out a linear prediction analysis with regard to the input 

30 vector and calculates a linear prediction coefficient. Further, the linear prediction coefficient calculating circuit 170 
quantizes the linear prediction coefficient and calculates a quantized linear prediction coefficient. The linear prediction 
coefficient is outputted to a weighting filter 140 and a weighting filter 141. An index in correspondence with the quan- 
tized linear prediction coefficient is outputted to a linear prediction synthesis filter 1 30, a linear prediction synthesis filter 
131 and a code outputting circuit 190. 

35 [0008] A first sound source generating circuit 1 10 is inputted with an index outputted from a first minimizing circuit 
150. The first sound source generating circuit 110 reads a first sound source vector in correspondence with the index 
from a tabie stored with a plurality of sound source vectors and outputs the first sound source vector to a first gain circuit 
160. 

[0009] A second sound source generating circuit 1 1 1 is inputted with an index outputted from a second minimizing 
40 circuit 1 51 . A second sound source vector in correspondence with the index is read from a table stored with a plurality 
of sound source vectors and is outputted to a second gain circuit 161 . 

[0010] The first gain circuit 1 60 is inputted with the index outputted from the first minimizing circuit 1 50 and the first 
sound source vector outputted from the first sound source generating circuit 1 1 0. The first gain circuit 1 60 reads a first 
gain in correspondence with the index from a table stored with a plurality of values of gains. Thereafter, the first gain 
45 circuit 1 60 multiplies the first gain by the first sound source vector and generates a third sound source vector and out- 
puts the third sound source vector to a first band pass filter 120. 

[0011] The second gain circuit 161 is inputted with the index outputted from the second minimizing circuit 151 and 
the second sound source vector outputted from the second sound source generating circuit 111. The second gain cir- 
cuit 161 reads a second gain in correspondence with the index from a table stored with a plurality of values of gains. 

50 Thereafter, the second gain circuit 1 61 multiplies the second gain by the second sound source vector and generates a 
fourth sound source vector and outputs the fourth sound source vector to a second band pass filter 121. 
[001 2] The first band pass filter 1 20 is inputted with the third sound source vector outputted from the first gain circuit 
1 60. A band of the third sound source vector is restricted to a first band by the filter to thereby generate a first excitation 
vector. The first band pass filter 120 outputs the first excitation vector to the linear prediction synthesis filter 130. 

55 [0013] The second band pass filter 121 is inputted with the fourth sound source vector outputted from the second 
gain circuit 1 61 . A band of the fourth sound source vector is restricted to a second band by the filter to thereby generate 
a second excitation vector. The second band pass filter 121 outputs the second excitation vector to the linear prediction 
synthesis filter 131 . 
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[0014] The linear prediction synthesis filter 130 is inputted with the first excitation vector outputted from the first 
band pass filter 120 and an index in correspondence with the quantized linear prediction coefficient outputted from the 
linear prediction coefficient calculating circuit 170. The linear prediction synthesis filter 130 reads the quantized linear 
prediction coefficient in correspondence with the index fronn a table stored with a plurality of the quantized linear pre- 
5 diction coefficients. By driving the filter set with the quantized linear prediction coefficient by the first excitation vector, a 
first reproduction signal (reproduced vector) is generated. The first reproduced vector is outputted to a first differencer 



[0015] The linear prediction synthesis filter 1 31 Is inputted with the second excitation vector outputted from the sec- 
ond band pass filter 121 and an index in correspondence with the quantized linear prediction coefficient outputted from 
10 the linear prediction coefficient calculating circuit 170. The linear prediction synthesis filter 131 reads the quantized lin- 
ear prediction coefficient in correspondence with the index from a table stored with a plurality of quantized linear pre- 
diction coefficients. By driving the filter set with the quantized linear prediction coefficient by the second excitation 
vector, a second reproduced vector is generated. The second reproduced vector is outputted to a second differencer 
181. 

15 [0016] The first differencer 1 80 is inputted with the input vector via the input temninal 1 0 and is inputted with the first 
reproduced vector outputted from the linear prediction synthesis filter 130. The first differencer 180 calculates a differ- 
ence between the input vector and the first reproduced vector. The difference is outputted to the weighting filter 1 40 and 
the second differencer 181 as a first difference vector 

[0017] The second differencer 181 Is inputted with the first difference vector from the first differencer 180 and is 
20 inputted with the second reproduced vector outputted from the linear prediction synthesis filter 131 . The second differ- 
encer 181 calculates a difference between the first difference vector and the second reproduced vector. The difference 
is outputted to the weighting filter 141 as a second difference vector. 

[0018] The weighting filter 1 40 is inputted with the first difference vector outputted from the first differencer 1 80 and 
the linear prediction coefficient outputted from the linear prediction coefficient calculating circuit 1 70. The weighting filter 
25 140 generates a weighting filter in con-espondence with an auditory characteristic of human being by using the linear 
prediction coefficient and drives the above-described weighting filter by the first difference vector. By the above- 
described operation of the weighting filter 1 40, a first weighted difference vector is generated. The first weighted differ- 
ence vector is outputted to the first minimizing circuit 150. 

[0019] The weighting filter 141 is inputted with the second difference vector outputted from the second differencer 
30 181 and the linear prediction coefficient outputted from the linear prediction coefficient calculating circuit 170. The 
weighting filter 141 generates a weighting filter in correspondence with the auditory characteristic of human being by 
using the linear prediction coefficient and drives the above-described weighting filter by the second difference vector. 
By the above-described operation of the weighting filter 141, a second weighted difference vector is generated. The 
second weighted difference vector is outputted to the second minimizing circuit 151 . 
35 [0020] The first minimizing circuit 150 successively outputs indexes in correspondence with all of the first sound 
source vectors stored in the first sound source generating circuit 1 10 to the first sound source generating circuit 110 
and successively outputs indexes in con-espondence with all of the first gains stored in the first gain circuit 160 to the 
first gain circuit 160. Further, the first minimizing circuit 150 is successively inputted with the first weighted difference 
vector outputted from the weighting filter 140. The first minimizing circuit 150 calculates a norm thereof. The first mini- 
40 mizing circuit 1 50 selects the first sound source vector and the first gain to minimize the norm and outputs an index in 
correspondence with these to the code outputting circuit 190. 

[0021] The second minimizing circuit 151 successively outputs indexes in correspondence with all of the second 
sound source vectors stored in the second sound source generating circuit 1 1 1 to the second sound source generating 
circuit 1 1 1 and successively outputs indexes in correspondence with all of the second gains stored in the second gain 

45 circuit 161 to the second gain circuit 161 . Further, the second minimizing circuit 151 is successively inputted with the 
second weighted difference vector outputted from the weighting filter 141 . The second minimizing circuit 151 calculates 
a norm thereof. The second gain circuit 161 selects the second sound source vector and the second gsun to minimize 
the norm and outputs an index in correspondence with these to the code outputting circuit 190. 
[0022] The code outputting circuit 1 90 is inputted with an index in correspondence with the quantized linear predic- 

50 tion coefficient outputted from the linear prediction coefficient calculating circuit 170, inputted with indexes outputted 
from the first minimizing circuit 1 50 in correspondence with respectives of the first sound source vector and the first gain 
and inputted with indexes outputted from the second minimizing circuit 151 in con-espondence with respectives of the 
second sound source vector and the second gain. The code outputting circuit 190 converts the respective indexes into 
codes of bit series and outputs the respective indexes after conversion via an output terminal 20. 

55 [0023] Fig. 2 is a block diagram showing an example of a conventional speech and music signal decoding appara- 
tus. A code inputting circuit 310 is inputted with a code in a bit series from an input terminal 30. 

[0024] The code input circuit 310 converts the code in the bit series inputted from the input tenninal 30 into indexes. 
An index in correspondence with a first sound source vector is outputted to a first sound source generating circuit 110. 



180. 
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An index in correspondence with a second sound source vector is outputted to a second sound source generating cir* 
cuit 1 1 1 . An index in correspondence with a first gain is outputted to a first gain circuit 1 60. An index in con-espondence 
with a second gain is outputted to a second gain circuit 161. An index in con^spondence with a quantized linear pre- 
diction coefficient is outputted to a linear prediction synthesis filter 130 and a linear prediction synthesis filter 131. 
5 [0025] The first sound source generating circuit 1 1 0 is inputted with the index outputted from the code inputting cir- 
cuit 310. The first sound source generating circuit 110 reads the first sound source vector in correspondence with the 
index from a table stored with a plurality of sound source vectors and outputs the sound source vector to the first gain 
circuit 160. 

[0026] The second sound source generating circuit 1 1 1 Is inputted with the index outputted from the code inputting 
10 circuit 31 0. The second sound source generating circuit 1 1 1 reads the second sound source vector in correspondence 
with the index frcm a table stored with a plurality of sound source vectors and outputs the second sound source vector 
to the second gain circuit 161 . 

[0027] The first gain circuit 160 Is inputted with the index outputted from the code Inputting circuit 310 and the first 
sound source vector outputted from the first sound source generating circuit 1 1 0. The first gain circuit 1 60 reads a first 
15 gain in con-espondence with the index from a table stored with a plurality of values of gains.- The first gain circuit 160 
generates a third sound source vector by multiplying the first gain by the first sound source vector. The third sound 
source vector is outputted to a first band pass filter 120. 

[0028] The second gain circuit 161 is inputted with the index outputted from the code Inputting circuit 31 0 and the 
second sound source vector outputted from the second sound source generating circuit 111. The second gain circuit 

20 161 reads a second gain in correspondence with the index from a table stored with a plurality of values of gains. There- 
after, the second gain circuit 1 61 generates a fourth sound source vector by multiplying the second gain by the second 
sound source vector. The fourth sound source vector is outputted to a second band pass filter 1 21 . 
[0029] The first band pass filter 1 20 is inputted with the third sound source vector outputted from the first gain circuit 
1 60. A band of the third sound source vector is restricted to a first band by the filter and the third sound source vector 

25 generates a first excitation vector. The first band pass filter 120 outputs the first excitation vector to the linear prediction 
synthesis filter 130. 

[0030] The second band pass filter 121 is inputted with the fourth sound source vector outputted from the second 
gain circuit 1 61 . A band of the fourth sound source vector is restricted to a second band by the filter and accordingly, 
the second band pass filter 121 generates a second excitation vector. The second band pass filter 121 outputs the sec- 

30 ond excitation vector to the linear prediction synthesis filter 131, 

[0031] The linear prediction synthesizing vector 1 30 is inputted with the first excitation vector outputted from the first 
band pass filter 120 and the index in correspondence with the quantized linear prediction coefficient outputted from the 
code inputting circuit 31 0. The quantized linear prediction coefficient in correspondence with the index is read from a 
table stored with a plurality of quantized linear prediction coefficients. Thereafter, the linear prediction synthesis filters 

35 130 generates a first reproduced vector by driving the filter set with the quantized linear prediction coefficient by the first 
excitation vector. The first reproduced vector is outputted to an adder 1 82. 

[0032] The linear prediction synthesis filter 1 31 is inputted with the second excitation vector outputted from the sec- 
ond band pass filter 121 and the index in correspondence with the quantized linear prediction coefficient outputted from 
the code inputting circuit 310. The quantized linear prediction coefficient in correspondence with the index is read from 
40 a table stored with a plurality of quantized linear prediction coefficients. The linear prediction synthesis filter 1 31 gener- 
ates a second reproduced vector by driving the filter set with the quantized linear prediction coefficient by the second 
excitation vector The second reproduced vector is outputted to the adder 182. 

[0033] The adder 1 82 is inputted with the first reproduced vector outputted from the linear prediction synthesis filter 
130 and the second reproduced vector outputted from the linear prediction synthesis filter 131. A sum of these is cal- 
45 culated. The adder 182 outputs the sum of the first reproduced vector and the second reproduced vector as a third, 
reproduced vector via an output terminal 40. 

[0034] According to the above-described conventional speech and music signal coder, there is constructed the con- 
stitution in which the reproduction signal is generated by driving the linear prediction synthesis filters calculated from 
the input signal by the excitation signal provided by adding the excitation signal having a band characteristic in corre- 

50 spondence with a low region of the input signal and the excitation signal having a band characteristic in correspondence 
with a high region of the input signal and accordingly, a coding operation based on CELP is carried out in a band 
belonging to a high frequency region and accordingly, coding performance is deteriorated in the band belonging to the 
high frequency region and therefore, coding quality of the speech and music signal in all of bands is deteriorated. 
[0035] The reason is that a signal in the band belonging to the high frequency region is provided with a property 

55 significantly different from speech and therefore, according to CELP modeling a procedure of generating speech, the 
signal in the band belonging to the high frequency region cannot be generated with a high accuracy. 
[0036] It is an object of the invention to provide a speech and music signal coder capable of resolving the above- 
described problem and coding a speech and music signal over all of bands. 
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Disclosure of the Invention 

[0037] An apparatus of coding a speech and music signal according to the invention (apparatus of the invention 1 ) 
generates a first reproduction signal by driving a linear prediction synthesis filter calculated from an input signal by an 
5 excitation signal in correspondence with a first band, generates a residual signal by driving an inverse filter of the linear 
prediction synthesis filter by a differential signal of the input signal and the first reproduction signal and codes a conn- 
ponent in correspondence with a second band in the residual signal after subjecting the component to orthogonal trans- 
formation. 

[0038] Specifically the apparatus of the invention 1 includes means (1 10, 160, 120. 130 of Fig. 3) for generating a 

10 first reproduction signal by driving the linear prediction synthesis filter by the excitation signal in correspondence with 
the first band, means (1 80. 230 of Rg. 3) for generating a residual signal by driving an inverse filter of the linear predic- 
tion synthesis filter by a differential signal of the input signal and the first reproduction signal, and means (240, 250, 260 
of Fig. 3) for coding a component in correspondence with the second band in the residual signal after subjecting the 
component to orthogonal transformation. 

75 [0039] An apparatus of coding of a speech and music signal according to the invention (apparatus of the invention 
2) generates a first and a second reproduction signal by driving a linear prediction synthesis filter calculated from an 
input signal by excitation signals in correspondence with a first and a second band, generates a residual signal by driv- 
ing an inverse filter of the linear prediction synthesis filter by a differential signal of a signal produced by adding the first 
and the second reproduction signals and the input signal and codes a component in correspondence with a third band 

20 in the residual signal after subjecting the component to orthogonal transfomnation. 

[0040] Specifically, the apparatus of the invention 2 includes means (1001, 1002 of Rg. 10) for generating a first 
and a second reproduction signal by driving the linear prediction synthesis filter by the excitation signals in correspond- 
ence with a first one and a second one of the bands, and means (1003 of Rg. 10) for generating a residual signal by 
driving an inverse filter of the linear prediction synthesis filter by a differential signal of a signal produced by adding the 

25 first and the second reproduction signals and the input signal and coding a component in correspondence with a third 
one of the bands in the residual signal after subjecting the component to orthogonal transformation. 
[0041] An apparatus of coding a speech and music signal according to the invention (apparatus of the invention 3) 
generates a first through an (N-1 )-th reproduction signal by driving a linear prediction synthesis filter calculated from an 
input signal by excitation signals in correspondence with a first through an (N-l)-th band, generates a residual signal by 

30 driving an inverse filter of the linear prediction synthesis filter by a differentia! signal of a signal produced by adding a 
first through an (N-l)-th reproduction signal and the input signal and codes a component in correspondence with an N- 
th band in the residual signal after subjecting the component to orthogonal transformation. 

[0042] Specifically, the apparatus of the invention 3 includes means (1001, 1004 of Rg. 11) for generating a first 
through an (N-l)-th reproduction signal by driving the linear prediction synthesis filter by excitation signals in confe- 
ss spondence with a first through an (N-l)-th band, and means (1005 of Fig. 1 1) for generating a residual signal by driving 
an inverse filter of the linear prediction synthesis filter by a differential signal of a signal produced by adding the first 
through the (N-l)-th reproduction signals and the input signal and coding a component in correspondence with an N-th 
band in the residual signal after subjecting the component to orthogonal transformation, 

[0043] An apparatus of coding a speech and music signal according to the invention (apparatus of the invention 4) 
40 generates, in second coding operation, a residual signal by driving an inverse filter of a linear prediction synthesis filter 
calculated from an input signal by a differential signal of a first coded decoding signal and the input signal and codes a 
component in con-espondence with an arbitrary band in the residual signal after subjecting the component to orthogo- 
nal transformation. 

[0044] Specifically, the apparatus of the invention 4 includes means (180 of Fig. 13) for calculating a difference of 
45 a first coded decoding signal and the input signal and means (1 002 of Fig. 1 3) for generating a residual signal by driving 
an inverse filter of the linear prediction synthesis fitter calculated from the input signal by the differential signal and cod- 
ing a component in correspondence with an arbitrary one of the bands in the residual signal after subjecting the com- 
ponent to orthogonal transformation. 

[0045] An apparatus of coding a speech and music signal according to the invention (apparatus of the invention 5) 
50 generates, in third coding operation, a residual signal by driving an inverse filter of a linear prediction synthesis filter cal- 
culated from an input signal by a differential signal of a signal produced by adding a first and a second coded decoding 
signal and the input signal and codes a component in correspondence with an arbitrary band in the residual signal after 
subjecting the component to orthogonal transfonnation. 

[0046] Specifically, the apparatus of the invention 5 includes means (1801,1 802 of Fig. 1 4) for calculating a differ- 
55 ential signal of a signal produced by adding a first and a second coded decoding signal and the input signal, and means 
(1003 of Fig. 14) for generating a residual signal by driving an inverse filter of the linear prediction synthesis fitter cal- 
culated from the input signal by the differential signal and coding a component in correspondence with an arbitrary band 
in the residual signal after subjecting the component to orthogonal transformation. 
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[0047] An apparatus of coding a ^eech and music signal according to the invention (apparatus of the invention 6) 
generates, in N-th coding operation, a residual signal by driving an inverse filter of a linear prediction synthesis filter cal- 
culated from an Input signal by a differential signal of a signal produced by adding a first through an (N-l)-th coded 
decoding signal and the input signal and codes a component in correspondence with an arbitrary band in the residual 

5 signal after subjecting the component to orthogonal transformation. 

[0048] Specifically, the apparatus of the invention 6 includes means (1801 , 1802 of Rg. 15) for calculating a differ- 
ential signal of a signal produced by adding a first through an (N-1 )-th coded decoding signals and the input signal, and 
means (1 005 of Fig. 1 5) for generating a residual signal by driving an Inverse filter of the linear prediction synthesis filter 
calculated from the input signal by the differential signal and coding a component in con*espondence with an arbitrary 

10 band in the residual signal after subjecting the component to orthogonal transformation. 

[0049] An apparatus of coding a speech and music signal according to the invention (apparatus of the invention 7) 
uses a pitch prediction filter in generating an excitation signal in correspondence with a first band of an input signal. 
Specifically, the apparatus of the invention 7 includes pitch predicting means (112, 162, 184, 510 of Fig, 16). 
[0050] An apparatus of coding a speech and music signal according to the invention (apparatus of the invention 8) 

75 generates a second input signal by down-sampling a first input signal sampled at a first sampling frequency to a second 
sampling frequency, generates a first reproduction signal by driving a synthesis filter set with a first linear prediction 
coefficient calculated from the second input signal by an excitation signal, generates a second reproduction signal by 
up-sampling the first reproduction signal to a first sampling frequency, further, calculates a third linear prediction coef- 
ficient from a difference of a linear prediction coefficient calculated from the first input signal and a second linear pre- 

20 diction coefficient provided by subjecting the first linear prediction coefficient to the first sampling frequency by sampling 
frequency conversion, calculates a fourth linear prediction coefficient from a sum of the second linear prediction coeffi- 
cient and the third linear prediction coefficient, generates a residual signal by driving an Inverse filter set with the fourth 
linear prediction coefficient by a differential signal of the first input signal and the second reproduction signal and codes 
a component in correspondence with an arbitrary band in the residual signal after subjecting the component to orthog- 

25 onal transformation. 

[0051] Specifically, the apparatus of the invention 8 includes means (780 of Fig. 17) for generating a second input 
signal by down-sampling a tirst input signal sampled at a first sampling frequency to a second sampling frequency, 
means (770, 132 of Fig. 17) for generating a first reproduction signal by driving a synthesis filter set with a first linear 
prediction coefficient calculated from the second input signal by an excitation signal, means (781 of Fig. 17) for gener- 

30 ating a second reproduction signal by up-sampling the first reproduction signal to the first sampling frequency, means 
(771 , 772 of Fig. 1 7) for calculating a third linear prediction coefficient from a difference of a linear prediction coefficient 
calculated from the first input signal, the first linear prediction coefficient and a second linear prediction coefficient pro- 
vided by converting a sampling frequency to the first sampling frequency, means (1 80, 730 of Fig. 1 7) for calculating a 
fourth linear prediction coefficient from a sum of the second linear prediction coefficient and the third linear prediction 

33 coefficient and generating a residual signal by driving an inverse filter set with the fourth linear prediction coefficient by 
a differential signal of the first input signal and the second reproduction signal and means (240, 250. 260 of Fig. 17) for 
coding a component in correspondence with an arbitrary band in the residual signal after subjecting the component to 
orthogonal transformation. 

[0052] An apparatus of decoding a speech and music signal according to the invention (apparatus of the invention 
40 9) generates an excitation signal in correspondence with a second band by subjecting a decoded orthogonal transfor- 
mation coefficient to orthogonal inverse transformation, generates a second reproduction signal by driving a linear pre- 
diction synthesis tilter by the excitation signal, further, generates a first reproduction signal by driving the linear 
prediction filter by an excitation signal in correspondence with a decoded first band and generates decoded speech and 
music by adding the first reproduction signal and the second reproduction signal. 
45 [0053] . Specifically, the apparatus of the invention 9 includes means (440, 460 of Fig. 1 8) for generating the excita- 
tion signal in correspondence with the second band by subjecting a decoding signal and an orthogonal transformation 
coefficient to orthogonal Inverse transformation, means (131 of Fig. 18) for generating a second reproduction signal by 
driving the linear prediction synthesis filter by the excitation signal, means (110, 1 20, 1 30, 1 60 of Fig. 1 8) for generating 
a tirst reproduction signal by driving the linear prediction tilter by the excitation signal in correspondence with the tirst 
50 band, and means (1 82 of Fig. 1 8) for generating decoded speech and music by adding the tirst reproduction signal and 
the second reproduction signal. 

[0054] An apparatus of decoding a speech and music signal according to the invention (apparatus of the invention 
1 0) generates an excitation signal in correspondence with a third band by subjecting a decoded orthogonal transforma- 
tion coefficient to orthogonal inverse transformation, generates a third reproduction signal by driving a linear prediction 
55 synthesis filter by the excitation signal, further, generates a tirst and a second reproduction signal by driving the linear 
prediction filter by excitation signals in correspondence with decoded first and second bands and generates decoded 
speech and music signal by adding the tirst through the third reproduction signals. 

[0055] Specifically, the apparatus of the invention 10 includes means (1 053 of Fig. 24) for generating the excitation 
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signal in correspondence with the third band by subjecting a decoded orthogonal transfomnation coefficient to orthogo- 
nal inverse transformation and generating a third reproduction signal by driving the linear prediction synthesis filter by 
' the excitation signal, means (1051 , 1052 of Fig. 24) for generating a first and a second reproduction signal by driving 
the linear prediction filter by the excitation signals in correspondence with the first and the second bands, and means 
5 (1 821 , 1 822 of Rg. 24) for generating decoded speech and music by adding the first through the third reproduction sig- 
nals. 

[0056] An apparatus of decoding a vocal music signal according to the invention (apparatus of the invention 11) 
generates an excitation signal in correspondence with an N-th band by subjecting a decoded orthogonal transformation 
coefficient to orthogonal inverse transformation, generates an N-th reproduction signal by driving a linear prediction 
10 synthesis filter by the excitation signal, further, generates a first through an (N-l)-th reproduction signal by driving the 
linear prediction filter by excitation signals in con^espondence with decoded first through (N-l)-th band and generates 
decoded vocal music by adding the first through the N-th reproduction signals. 

[0057] Specifically, the apparatus of the invention 1 1 includes means (1055 of Fig. 25) for generating an excitation 
signal in correspondence with the N-th band by subjecting a decoded orthogonal transformation coefficient to orthogo- 
15 nal inverse transformation and generating an N-th reproduction signal by driving the linear prediction synthesis filter by 
the excitation signal, means (1 051 , 1 054 of Fig. 26) for generating a first through an (N-1 )-th reproduction signal by driv- 
ing the linear prediction filter by the excitation signals in correspondence with the first through the (N-l)-th bands, and 
means (1 821 , 1 822 of Rg. 25) for generating decoded vocal music by adding the first through the N-th reproduction sig- 
nals. 

20 [0058] An apparatus of decoding a vocal music signal according to the invention (apparatus of the invention 12) 
generates, in second decoding operation, an excitation signal by subjecting a decoded orthogonal transformation coef- 
ficient to orthogonal inverse transformation, generates a reproduction signal lay driving a linear prediction synthesis filter 
by the excitation signal and generates decoded vocal music by adding the reproduction signal and the first decoded sig- 
nal. 

25 [0059] Specifically, the apparatus of the invention 12 includes means (1052 of Fig. 26) for generating an excitation 
signal by subjecting a decoded orthogonal transformation coefficient to orthogonal inverse transformation and generat- 
ing a reproduction signal by driving a linear prediction synthesis filter by the excitation signal, and means (182 of Rg. 
26) for generating decoded vocal music by adding the reproduction signal and a first decoding signal. 
[0060] An apparatus of decoding a vocal music signal according to the invention (apparatus of the Invention 13) 

30 generates, in third decoding operation, an excitation signal by subjecting a decoded orthogonal transformation coeffi- 
cient to orthogonal inverse transformation, generates a reproduction signal by driving a linear prediction synthesis filter 
by the excitation signal and generates decoded vocal music by adding the reproduction signal and a first and a second 
decoding signal. 

[0061 ] Specifically, the apparatus of the invention 1 3 Includes means (1 053 of Rg. 27) for generating the excitation 
35 signal by subjecting a decoded orthogonal transformation coefficient to orthogonal inverse transformation and generat- 
ing a reproduction signal by driving the linear prediction synthesis filter by the excitation signal, and decoded vocal 
music generating means (1 821 . 1 822 of Fig. 27) for generating decoded vocal music by adding the reproduction signal 
and a first and a second decoding signal. 

[0062] An apparatus of decoding a vocal music signal according to the invention (apparatus of the Invention 14) 
40 generates, in N-th decoding operation, an excitation signal by subjecting a decoded orthogonal transformation coeffi- 
cient to orthogonal inverse transformation and generates a reproduction signal by driving a linear prediction synthesis 
filter by the excitation signal and generates decoded vocal music by adding the reproduction signal and a first through 
an (N-1 )-th decoding signal. 

[0063] Specifically, the apparatus of the invention 14 includes means (1055 of Rg. 28) for generating the excitation 
45 signal by subjecting a decoded orthogonal transfomnation coefficient to orthogonal inverse transformation and generat- 
ing a reproduction signal by driving the linear prediction synthesis filter by the excitation signal, and means (1821 , 1 822 
of Fig. 28) for generating decoded vocal music by adding the reproduction signal and a first through an (N-1 )-th decod- 
ing signal. 

[0064] An apparatus of decoding a vocal music signal according to the invention (apparatus of the invention 15) 
so uses a pitch prediction filter in generating an excitation signal in correspondence with a first band. Specifically, the appa- 
ratus of the invention 15 further includes pitch predicting means (112, 162, 184, 510 of Fig. 29). 
[0065] An apparatus of decoding a vocal music signal according to the invention (apparatus of the invention 16) 
generates a first reproduction signal by up-sampling a signal provided by driving a first linear prediction synthesis filter 
by a first excitation signal in correspondence with a first band to a first sampling frequency, generates a second excita- 
55 tion signal in correspondence with a second band by subjecting a decoded orthogonal transformation coefficient to 
orthogonal inverse transformation, generates a second reproduction signal by driving a second linear prediction syn- 
thesis filter by the second excitation signal and generates decoded vocal music by adding the first reproduction signal 
and the second reproduction signal. 
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[0086] Specifically, the apparatus of the invention 16 includes means (132, 781 of Fig. 30) for generating a first 
reproduction signal by up-sampling a signal provided by driving a first linear prediction synthesis fitter by a first excita* 
tlon signal in correspondence with a first band to a first sampling frequency, means (440. 831 of Fig. 30) for generating 
a second excitation signal in correspondence with a second band by subjecting a decoded orthogonal transformation 
5 coefficient to orthogonal inverse transformation and generating a second reproduction signal by driving a second linear 
prediction synthesis filter by the second excitation signal, and means (182 of Rg. 30) for generating decoded vocal 
music by adding the first reproduction signal and the second reproduction signal. 

[0067] An apparatus of decoding a code of a vocal music signal according to the invention (apparatus of the inven- 
tion 1 7) decodes a code outputted from the apparatus of the invention 1 by the apparatus of the invention 9. Specifically, 
10 the apparatus of the invention 17 includes the vocal music signal coding means (Rg. 3) and the vocal music signal 
decoding means (Fig. 18). 

[0068] An apparatus of decoding a code of a vocal music signal according to the invention (apparatus of the inven- 
tion 18) decodes a code outputted from the apparatus of the invention 2 by the apparatus of the invention 10. Specifi- 
cally, the apparatus of the invention 1 8 includes the vocal music signal coding means (Rg. 1 0) and the vocal music 

IS signal decoding means (Fig. 24). 

[0069] An apparatus of decoding a code of a vocal music signal according to the invention (apparatus of tiie inven- 
tion 19) decodes a code outputted from the apparatus of the invention 3 by the apparatus of the invention 11. Specifi- 
cally, the apparatus of the invention 19 includes the vocal music signal coding means (Rg. 11) and the vocal music 
signal decoding means (Fig. 25). 

20 [0070] An apparatus of decoding a code of a vocal music signal according to the Invention (apparatus of the inven- 
tion 20) decodes a code outputted from the apparatus of the invention 4 by the apparatus of the invention 12. Specifi- 
cally, the apparatus of the invention 20 includes the vocal music signal coding means (Rg. 13) and the vocal music 
signal decoding means (Fig. 26). 

[0071] An apparatus of decoding a code of a vocal music signal according to the invention (apparatus of the inven- 
ts tion 21) decodes a code outputted from the apparatus of the invention 5 by the apparatus of the invention 13. Specifi- 
cally, the apparatus of the invention 21 includes the vocal music signal coding means (Fig. 14) and the vocal music 
signal decoding means (Rg. 27). 

[0072] An apparatus of decoding a code of a vocal music signal according to the invention (apparatus of the inven- 
tion 22) decodes a code outputted from the apparatus of the invention 6 by the apparatus of the invention 14. Specifi- 
30 cally. the apparatus of the invention 22 includes the vocal music signal coding means (Fig. 15) and the vocal music 
signal decoding means (Fig. 28). 

[0073] An apparatus of decoding a code of a vocal music signal according to the invention (apparatus of the inven- 
tion 23) decodes a code outputted from the apparatus of the invention 7 by the apparatus of the invention 15. Specifi- 
cally, the apparatus of the invention 23 includes the vocal music signal coding means (Rg. 1 6) and the vocal music 

35 signal decoding means (Fig. 29). 

[0074] An apparatus of decoding a code of a vocal music signal according to the invention (apparatus of the inven- 
tion 24) decodes a code outputted from the apparatus of the invention 8 by the apparatus of the invention 16. Specifi- 
cally, the apparatus of the invention 24 includes the vocal music signal coding means (Fig. 17) and the vocal music 
signal decoding means (Fig. 30). 

40 [0075] According to the invention, a first reproduction signal is generated by driving a linear prediction synthesis fil- 
ter calculated from an input signal by an excitation signal having a band characteristic in correspondence with a low 
region of the input signal, generates a residual signal by driving an inverse filter of the linear prediction synthesis filter 
by a differential signal of the input signal and the first reproduction signal and codes a high region component of the 
residual signal by using a coding system based on orthogonal transformation. That is, with regard to a signal having a 

45 property different from that of speech in a band belonging to a high frequency region, there is carried out coding oper- 
ation based on orthogonal transformation in place of CELP. According to the coding operation based on the orthogonal 
transformation, coding performance with respect to a signal having property different from that of speech is higher than 
that of CELP. Therefore, the coding performance with regard to a high region component of the input signal is improved. 
As a result, a vocal music signal can excellently be coded over all of bands. 



so 



Brief Description of the Drawings 



[0076] 

55 Fig. 1 is a block diagram showing an embodiment of a speech and music signal coder according to a conventional 
method. 

Fig. 2 is a block diagram showing an embodiment of a vocal music signal decoding apparatus according to a con- 
ventional method. 
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Rg. 3 is a block diagram showing a constitution of a speech and music signal coder according to a first embodiment 
of the invention. 

Rg. 4 is a block diagram showing a constitution of a first sound source generating circuit 1 10. 
Rg. 5 is a view for explaining a method of generating a subvector in a band selecting circuit 250. 
5 Rg. 6 is a block diagram showing a constitution of an orthogonal transformation coefficient quantizing circuit 260. 

Fig. 7 is a block diagram equivalent to Rg. 3 showing the constitution of the speech and music signal coder accord- 
ing to the first embodiment of the invention. 

Rg. 8 is a block diagram showing a constitution of a first coding circuit 1001 in Rg. 5. 
Fig. 9 is a block diagram showing a constitution of a second coding circuit 1002 in Fig. 5. 
10 Rg. 1 0 is a block diagram showing a constitution of a speech and music signal coder according to a second embod- 
iment of the invention. 

Fig, 11 is a block diagram showing a constitution of a speech and music signal coder according to a third embodi- 
ment of the invention. 

Fig. 1 2 is a block diagram showing a constitution of a first coding circuit 1 01 1 in Fig. 31 . 
15 Fig. 1 3 is a block diagram showing a constitution of a speech and music signal coder according to a fourth embod- 
iment of the invention. 

Rg. 14 is a block diagram showing a constitution of a speech and music signal coder according to a fifth embodi- 
ment of the invention. 

Fig. 15 is a block diagram showing a constitution of a speech and music signal coder according to a sixth embodi- 
20 ment of the invention. 

Rg. 1 6 is a block diagram showing a constitution of a speech and music signal coder according to a seventh 
embodiment of the invention. 

Fig. 1 7 is a block diagram showing a constitution of a speech and music signal coder according to an eighth embod- 
iment of the invention. 

25 Fig. 18 is a biock diagram showing a constitution of a vocal music signal decoding apparatus according to a ninth 
embodiment of the invention. 

Fig. 19 is a view for explaining a method of generating a second excitation vector in an orthogonal transformation 
coefficient inversely quantizing circuit 460. 

Rg. 20 is a block diagram showing a constitution of the orthogonal transfomnation coefficient inversely quantizing 

30 circuit 460. 

Fig. 21 is a block diagram equivalent to Fig. 36 showing the constitution of the vocal music signal decoding appa- 
ratus according to the ninth embodiment of the invention. 

Fig. 22 is a block diagram showing a constitution of a first decoding circuit 1051 in Rg. 39. 
Fig. 23 is a block diagram showing a constitution of a second decoding circuit 1052 in Fig. 39, 
35 Fig. 24 is a block diagram showing a constitution of a vocal music signal decoding apparatus according to a tenth 
embodiment of the invention. 

Fig. 25 is a block diagram showing a constitution of a vocal music signal decoding apparatus according to an elev- 
enth embodiment of the invention. 

Fig. 26 is a block diagram showing a constitution of a vocal music signal decoding apparatus according to a twelfth 

40 embodiment of the invention. 

Fig. 27 is a block diagram showing a constitution of a vocal music signal decoding apparatus according to a thir- 
teenth embodiment of the invention. 

Fig. 28 is a block diagram showing a constitution of a vocal music signal decoding apparatus according to a four- 
teenth embodiment of the invention. 
45 Fig. 29 is a block diagram showing a constitution of a vocal music signal decoding apparatus according to a fif- 
teenth embodiment of the invention. 

Fig. 30 is a block diagram showing a constitution of a vocal music signal decoding apparatus according to a six- 
teenth embodiment of the invention. 

Fig. 31 is a view for explaining a correspondence between an index and a code of a bit series in a code outputting 
50 circuit 290. 

Fig. 32 is a view for explaining a method of generating a first pitch vector in a pitch signal generating circuit 1 1 2. 
Best Mode for Carrying Out the Invention 

55 [0077] Fig. 3 is a block diagram showing a constitution of a speech and music signal coder according to a first 
embodiment of the invention. Here, an explanation will be given thereof with a number of bands as 2. An Input signal 
(input vector) generated by sampling a speech or music signal and summarizing a plurality of the samples in one vector 
as one frame, is inputted from an input temriinal 10. The input vector is represented as x{n). n=0, L-1. Incidentally, 
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notation L designates a vector length. A band of the input signal is restricted to FsO [Hz] through FeO [Hz]. For example, 
a sampling frequency is set to 16 [kHz] and FsO and FeO are set as Fs0=50 [Hz] and Fe0=7000 [Hz]. 
[0078] A linear prediction coefficient calculating circuit 1 70 inputs the input vector from the input temriinai 1 0, carries 
out linear prediction analysis with regard to the input vector, calculates linear prediction coefficients ai, isl , Np) fur- 

5 ther, quantizes the linear prediction coefficients and calculates quantized linear prediction coefficients a\\ 1=1 , .... Np. 
Here, notation Np designates a linear prediction degree, for example, 16. Further, the linear prediction coefficient cal- 
culating circuit 1 70 outputs the linear prediction coefficients to a weighting filter 140 and outputs indexes in con-espond- 
ence with the quantized linear prediction coefficients to a linear prediction synthesis filter 130. a linear prediction inverse 
filter 230 and a code outputting circuit 290. With regard to quantization of the linear prediction coefficient, there is, for 

10 example, a method of converting the linear prediction coefficient to a line spectrum pair (LSP) and quantizing the con- 
verted linear prediction coefficient. With regard to conversion of the linear prediction coefficient into LSP, a description 
is given by Sugamura et al "Speech information compression by a linear spectrum pair (LSP) speech analyzing and 
synthesizing system" (Proceeding of Electronic, Information and Communication Society A, Vol.J64-A, No.8, pp.599- 
606, 1981) (Reference 3). With regard to quantization of LSP, a description is given by Omuro et al "Vector quantization 

15 of an LSP parameter by using moving^average type interframe prediction" (Proceeding of Electronic, Information and 
Communication Society A, Vol.J77-A, No.3, pp.303-312, 1994) (Reference 4). 

[0079] A first sound source generating circuit 110 inputs an index outputted from a first minimizing circuit 150. A 
first sound source vector in correspondence with the index is read from a table stored with a plurality of sound source 
signals (sound source vectors) and is outputted to a first gain circuit 160. Here, a description will be given of a consti- 

20 tution of the first sound source generating circuit 1 10 In reference to Rg. 4. A table 1 101 provided by the first sound 
source generating circuit 1 1 0 is stored with Ne pieces of sound source vectors. For example, Ne is 256. A switch 1 1 02 
is inputted with an index "i" outputted from the first minimizing circuit 150 via an input terminal 1 103. The switch 1102 
selects a sound source vector in correspondence with the index from the table and outputs the sound source vector as 
a first sound source vector to the first gain circuit 1 60 via an output terminal 1 1 04. 

25 [0080] Further, with regard to coding of a sound source signal, there can be used a method of efficiently expressing 
a sound source signal by a multiple pulse signal comprising a plurality of pulses and prescribed by positions of the 
pulses and amplitudes of the pulses. With reganj to coding of a sound source signal using a multiple pulse signal, a 
description is given by Ozawa et al "MP-CELP speech codification based on a multiple pulse spectra quantized sound 
source and high speed search" (Proceeding of Electronic, Information and Communication Society A, pp.1 655-1 663, 

30 1 996) (Reference 5). By the above-described, an explanation of the first sound source generating circuit 1 1 0 is finished. 
[0081] Returning to the explanation of Fig. 3, the first gain circuit 160 is provided with a table stored with values of 
gains. The first gain circuit 160 is inputted with the index outputted from the first minimizing circuit ISO and the first 
sound source vector outputted from the first sound source generating circuit 1 10. A first gain in correspondence with 
the index is read from the table and the first gain is multiplied by the first sound source vector to thereby fomri a second 

35 sound source vector. The generated second sound source vector is outputted to a first band pass filter 1 20. 

[0082] The first band pass filter 120 is inputted with the second sound vector outputted from the first gain circuit 
1 60. A band of the second sound source vector is restricted to a first band by this filter to thereby provide a first excita- 
tion vector. The first band pass filter 120 outputs the first excitation vector to the linear prediction synthesis filter 130. 
Here, the first band is set to Fsl [Hz] through Fel [Hz], Incidentally, Fs0^Fs1<Fe1<Fe0. For example, Fs1=50 [Hz], 

40 Fe1=4000 [Hz]. Further, the first band pass filter 120 Is provided with a characteristic of restricting a band to the first 
band and can also be realized by a higher degree linear prediction filter 1/B(z) characterized in having a linear predic- 
tion degree of about 100 degree. In this case, when notation Nph designates a linear prediction degree and the linear 
prediction coefficient is pi, i=si, Nph, a transfer function 1/B(z) of the higher degree linear prediction filter is repre- 
sented by Equation (1) as follows. With regard to the higher degree linear prediction filter, a description is given in Ref- 
. 45 erence 2, mentioned above. 



[0083] The linear prediction synthesis filter 1 30 is provided with a table stored with quantized linear prediction coef- 
ficients. The linear prediction synthesis filter 130 is inputted with the first excitation vector outputted from the first band 



Equation (1) 



50 



Nph 



1/B(z) = l/(1- SAz^) 
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pass filter120 and an index in correspondence with the quantized linear prediction coefficient outputted from the linear 
prediction coefficient calculating circuit 1 70. Further, the linear prediction synthesis filter 130 reads the quantized linear 
prediction coefficient in correspondence with the index from the table. By driving a synthesis filter 1/A(z) set with the 
quantized linear prediction coefficient by the first excitation vector, a first reproduction signal (reproduced vector) is gen- 
5 erated. The first reproduced vector is outputted to a first differencer 180. In this case, a transfer function 1/A(z) of the 
synthesis filter is expressed by Equation (2) as follows. 

, . 

1/A{z)=1/(1-J^a|az') Equation (2) 

10 1=1 



[0084] The first differencer 180 is inputted with the input vector via the input tenninal 10 and the first reproduced 
vector outputted from the linear prediction synthesizing vector 1 30. The first differencer 1 80 calculates a difference ther- 
15 ebetween and outputs a difference value thereof as a first difference vector to the weighting filter 1 40 and the linear pre- 
diction inverse filter 230. 

[0085] The first weighting filter 140 is inputted with the first difference vector outputted from the first differencer 180 
and the linear prediction coefficient outputted from the linear prediction coefficient calculating circuit 1 70. The first 
weighting filter 140 generates a weighting filter W(z) in correspondence with an auditory characteristic of a human 
20 being by using the linear prediction coefficient and drives the weighting filter by the first difference vector. Thereby, a 
first weighted difference vector is provided. Further, the first weighted difference vector is outputted to the first minimiz- 
ing circuit 1 50. In this case, a transfer function W(z) of the weighting filter is expressed as W(z)=Q(z/7l )/Q(z/y2) . Inci- 
dentally, 0{z/y^) is expressed by Equation (3) as follows. yl and y2 are constants and, for example, y1=0.9, 72=0.6. 
Further, with regard to details of the weighting filter, a description is given in Reference 1. mentioned above, 

25 

Equation (3) 

Np Np 

35 

[0086] The first minimizing circuit 150 successively outputs indexes in correspondence with ail of the first sound 
source vectors stored in the first sound source generating circuit 1 1 0 to the first sound source generating circuit 1 1 0 
and successively outputs indexes in correspondence with all of the first gains stored in the first gain circuit 160 to the 
first gain circuit 160. Further, the first minimizing circuit 150 receives the first weighted difference vectors successively 

40 outputted from the weighting filter 1 40, calculates a nonn thereof, selects the first sound source vector and the first gain 
minimizing the norm and outputs an index in correspondence therewith to the code outputting circuit 290. 
[0087] The linear prediction inverse filter 230 is provided with a table stored with quantized linear prediction coeffi- 
cients. The linear prediction inverse filter 230 is inputted with the index in correspondence with the quantized linear pre- 
diction coefficient outputted from the linear prediction coefficient calculating circuit 1 70 and the first difference vector 

45 outputted from the first differencer 180. Further, the linear prediction inverse filter 230 reads a quantized linear predic- 
tion coefficient in con-espondence with the index from the table. By driving an inverse filter A(z) set with the quantized 
linear prediction coefficient by the first difference vector, a first residue vector is provided. Further, the first residue vec- 
tor is outputted to an orthogonal transformation circuit 240. A transfer function A(z) of the inverse filter is expressed by 
Equation (4) as follows. 

50 

A(z)=1 - J^a ,z ' Equation (4) 

bi 

55 

[0088] The orthogonal transformation circuit 240 is inputted with the first residue vector outputted from the linear 
prediction inverse filter 230, The orthogonal transformation circuit 240 subjects the first residue vector to orthogonal 
transformation and generates a second residue vector. The second residue vector is outputted to a band selecting cir- 
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cuit 250. Here, as the orthogonal transformation, discrete cosine transform (DCT) can be used. 
[0089] The band selecting circuit 250 is inputted with the second residue vector outputted from the orthogonal 
transformation circuit 240. As shown by Rg. 3. in the second residue vector, there are generated Nsbv pieces of sut>- 
vectors using components included in a second band. Although an arbitrary band can be set as the second band, in 
5 this case, the second band is constituted by a band of Fs2 [Hz] through Fe2 [Hz]. Incidentally, FsO<Fs2<Fe2<FeO. IN 
this case, the first band and the second band do not overlap, that is, Fe1<Fs2. For example, Fs2=4000 [Hz], Fe2=7000 
[Hz]. The band selecting circuit 250 outputs Nsbv pieces of the subvectors to an orthogonal transformation coefficient 
quantizing circuit 260. 

[0090] The orthogonal transformation coefficient quantizing circuit 260 is inputted with Nsvb pieces of the subvec- 
10 tors outputted from the band selecting circuit 250. The orthogonal transformation coefficient quantizing circuit 260 is 
provided with a table stored with quantized values (shape code vectors) in correspondence with shapes of the subvec- 
tors and a table stored with quantized values (quantization gains) in correspondence with gains of the subvectors. 
Quantization en-ors are minimized with regard to respectives of Nsbv pieces of the inputted subvectors. The orthogonal 
transformation coefficient quantizing circuit 260 selects the quantized values of the shapes and the quantized values of 
15 the gains from the tables and outputs corresponding indexes to the code outputting circuit 290. 

[0091] Here, a supplementary explanation will be given of a constitution of the orthogonal transformation coefficient 
quantizing circuit 260 in reference to Fig. 4. In Rg. 4, there are Nsbv pieces of blocks surrounded by dotted lines. In the 
respective blocks. Nsbv pieces of the subvectors are quantized. Nsbv pieces of the subvectors are expressed by Equa- 
tion (5) as follows. 



esb.o{")' • • • »esb.N«,.i(")'"=0. • • • Equation (5) 



[0092] Processing with regard to the respective subvectors is common. An explanation will be given of a processing 
with regard to e sb.O (n). n=0. .... L-1 . 

25 [0093] Subvectors e sb.O (n), n=0, .... L-1 are inputted via an input terminal 2650. A table 261 0 is stored with Nc,0 
pieces of shape code vectors cOQ] (n), nsO, L-1 . ]=0 Nc,0-1 . Here, notation L designates a vector length and nota- 
tion "j" designates an index. The table 2610 inputs indexes outputted from a minimizing circuit 2630 and outputs the 

shape code vectors cOQ] (n), n=0 L-1 in correspondence with the indexes to a gain circuit 2620. A table provided by 

the gain circuit 2620 is stored with Ng,0 pieces of quantization gains gO[l<]. k=0. .... Ng,0-1. Here, notation "k" desig- 

30 nates an index. 

[0094] The gain circuit 2620 is inputted with the shape code vectors c0[j] (n). n=0, .... L-1 outputted from the table 
2610 and is inputted with the indexes outputted from the minimizing circuit 2630. The quantization gain g0[k] in con-e- 

spondence with index is read from the table. Quantized subvectors e'sb.O (n), nO L-1 provided by multiplying the 

quantization gains gO[k] by the shape code vectors cOQ] (n), n=0, .... L-1 are outputted to a differehcer 2640. The differ- 

35 encer 2640 calculates differences between the subvectors e sb.O (n), n=0, .... L-1 inputted via an input terminal 2650 

and the quantized subvectors e'sb.O (n), n=0 L-1 inputted from the gain circuit 2620. Difference values thereof are 

outputted to the minimizing circuit 2630 as difference vectors. The minimizing circuit 2630 successively outputs indexes 
in correspondence with ail of the shape code vectors cOQ], (n), n=0, L-1 and j=0, .... Nc,0-1 stored in the table 2610 
to the table 2610. Indexes in correspondence with all of the quantization gains gO[k] k=0, .... Ng,0-1 stored in the gain 

40 circuit 2620 are successively outputted to the gain circuit 2620. Further, the difference vectors are successively inputted 
from the differencer 2640 and nonns DO thereof are calculated. The minimizing circuit 2630 selects the shape code vec- 
tors C0[]] (n), n=0 L-1 and the quantization gains gO[k] minimizing the nonns DO. Indexes in con-espondence there- 
with are outputted to an index outputting circuit 2660. Similar processing is carried out with respect to subvectors shown 
by Equation (6) as follows. 



'sb. 



,,(n), • • • .e3b.N3^-i(")'"=0, • • • ,L-1 Equation (6) 



[0095] The index outputting circuit 2660 is inputted with Nsbv pieces of the indexes outputted from the minimizing 
circuit- A set of the indexes summarizing these are outputted to the code outputting circuit 290 via an output tenminal 
so 2670. Further, with regard to determination of the shape code vectors cO[]] (n), n=0, .... L-1 and the quantization gains 
gO[k] minimizing the norm DO, the following method can also be used. The norm DO is expressed by Equation (7) as 
follows. 



55 



12 



EP 1 087 378 A1 

L-1 

C^o= L(«sto.o(")-®'sft.o("))^ Equation (7) 

f?=0 

L-1 



n=0 



y = 0, • • • . W^ o - 1- * = 0- • • * '^'a.o - 1 

10 [0096] Here, when an optimum gain g'O is set as shown by Equatfon (8) as follows, the nomi DO can be modified 
as shown by Equation (8) or Equation (9) as follows. 

Equation (8) 

IS ■ 

L-1 



so 



25 Equation (9) 



30 



35 



40 



L-1 



2 n=0 



— -^--l r 1 o 



n=0 



[0097] Therefore, calculation of cOO) (n), n=0. L-1. j=0, .... Nc,0-1 minimizing DO, is equivalent to calculation of 

cOQ] (n), n=0 L-1, j=0 Nc.0-1 maximizing a second term of an equation shown by above Equation (9). Hence, 

after calculating cOQ] (n), n=0 L-1 , j=j opt maximizing the second term of the equation shown by above Equation (9), 

45 gO[k], k=k opt minimizing an equation shown by above Equation (7) is calculated with respect to cOQ] (n), n=0 L-1 , 

j=j opt Here, as cOQ] (n), n=0, L-1, j=j opt, a plurality of candidates are selected successively from larger values of 
the second term of the equation shown by above Equation (9). gO(k], k=k opt minimizing the equation shown by above 

Equation (7) is calculated for respectives thereof. cOQ] (n), n=0 L-1. j=j opt and gO[k], k=k opt minimizing the norm 

DO can also be selected finally from these. A similar method is appftcable to subvectors shown by Equation (1 0) as fol- 

50 lows. 

esb.i(")' • • • .esb.N^-i(").n=0' ' ' ' ^L-l Equation (10) 

[0098] By the above-described, an explanation of the orthogonal transformation coefficient quantizing circuit 260 in 
55 reference to Fig. 4 is finished. In the following, the explanation in reference to Fig. 3 will be given again. 

[0099] The code outputting circuit 290 is inputted with indexes in correspondence with the quantized linear predic- 
tion coefficients outputted from the linear prediction coefficient calculating circuit 1 70. Further, the code outputting cir- 
cuit 290 is inputted with indexes outputted from the first minimizing circuit 150 and in correspondence with respectives 
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of the first sound source vectors and the first gains. Further, the code outputting circuit 290 is inputted with a set of 
indexes outputted from the orthogonal transformation coefficient quantizing circuit 260 and constituted by indexes of the 
shape code vectors and the quantization gains with respect to Nsbv pieces of subvectors. Further, as schematically 
shown by Fig. 31 , the respective indexes are converted Into codes of bit series and are outputted via an output terminal 
5 20. 

[01 00] Although the first embodiment explained in reference to Fig. 3 shows the case in which the number of bands 
is 2, an explanation will be given of a case in which the number of bands is expanded to 3 or more as follows. 
[0101] Rg. 3 can be rewritten as shown by fig. 7. Here, a first coding circuit 1 001 of Fig. 7 is equivalent to Fig. 8. A 
second coding circuit 1002 of Fig. 7 is equivalent to Fig. 9. Respective blocks constituting Fig. 8 and Fig. 9 are the same 

10 as respective blocks explained in Rg. 3. 

[0102] The second embodiment according to the invention is realized by expanding the number of bands to 3 in the 
first embodiment. A constitution of a speech and music signal coder according to the second embodiment can be rep- 
resented by a block diagram shown in Fig. 10, In the drawing, the first coding circuit 1001 is equivalent to Fig. 8, the 
second coding circuit 1002 is equivalent to Rg. 8 and the third coding circuit 1003 is equivalent to Rg. 9. A code out- 

75 putting circuit 2901 is inputted with an index outputted from the linear prediction coefficient calculating circuit 1 70, input- 
ted with an index outputted from the first coding circuit 1001 , inputted with an index outputted from the second coding 
circuit 1002 and inputted with a set of indexes outputted from the third coding circuit 1003. The respective indexes are 
converted into codes of bit series and outputted via the input tenminal 20. 

[0103] A third embodiment of the invention is realized by expanding the number of bands to N in the first embodi- 
20 ment. A constitution of a speech and music signal coder according to the third embodiment can be represented by a 
block diagram shown in Rg. 1 1 . Here, the first coding circuit 1 001 through an (N-1 )-th coding circuit 1 004 are equivalent 
to Rg. 8. An N-th coding circuit 1005 is equivalent to Fig. 9. A code outputting circuit 2902 is inputted with an index out- 
putted from the linear prediction coefficient calculating circuit 170, inputted with indexes outputted from respectives of 
the first coding circuit 1001 through the (N-l)-th coding circuit 1004 and inputted with a set of indexes outputted from 
25 the N-th coding circuit 1 005. Further, the respective indexes are converted into codes of bit series and outputted via the 
output terminal 20. 

[0104] According to the first embodiment, the first coding circuit 1001 shown in Fig. 7 is based on a coding system 
using an A-b-S (Analysis-by-Synthesis) method. However, according to the first embodiment, a coding system other 
than the A-b-S method is also applicable to the first coding circuit 1001 . In the following, an explanation Will be given of 
30 a case in which a coding system using time frequency conversion is applied to the first coding circuit 1001 as a coding 
system other than the A-b-S method. 

[0105] A fourth embodiment of the invention is realized by applying the coding system using time frequency con- 
version in the first embodiment. A constitution of a speech and music signal coder according to the fourth embodiment 
of the invention can be represented by a block diagram shown in Fig. 1 3. In this case, a first coding circuit 1 01 1 is equiv- 

35 alent to Fig. 12. A second coding circuit 1002 is equivalent to Fig. 9. Among blocks constituting Fig. 12, the linear pre- 
diction inverse filter 230, the orthogonal transformation circuit 240. the band selecting circuit 250 and the orthogonal 
transformation coefficient quantizing circuit 260 are the same as the respective blocks explained in Fig. 3. Further, an 
orthogonal transfomiation coefficient inverse quantizing circuit 460 and an orthogonal inverse transformation circuit 440 
and the linear prediction synthesis filter 131 are the same as blocks constituting a vocal music decoding apparatus in 

40 correspondence with the first embodiment by a ninth embodiment, mentioned later. 

[0106] An explanation of the orthogonal transformation coefficient inverse quantizing circuit 460, the orthogonal 
inverse transformation circuit 440 and the linear prediction synthesis filter 131 will be omitted here since an explanation 
thereof will be given in the ninth embodiment in reference to Fig. 15. A code outputting circuit 2903 is inputted with an 
Index outputted from the linear prediction coefficient calculating circuit 1 70. Inputted with a set of indexes outputted from 

45 the first coding circuit 101 1 and inputted with a set of indexes outputted frorh the second coding circuit 1002. Further, 
the respective indexes are converted into codes of bit series and outputted via the output tenninal 20. 
[0107] A fifth embodiment of the invention is realized by expanding a number of bands to 3 in the fourth embodi- 
ment. A constitution of a speech and music signal coder according to the fifth embodiment of the invention can be rep- 
resented by a block diagram shown in Fig. 14. In this case, the first coding circuit 1011 is equivalent to Rg. 12, a second 

50 coding circuit 1012 is equivalent to Rg. 12 and the third coding circuit 1003 is equivalent to Rg. 9. A code outputting 
circuit 2904 Is inputted with an index outputted from the linear prediction coefficient calculating circuit 1 70, inputted with 
a set of indexes outputted from the first coding circuit 101 1 , inputted with a set of indexes outputted from the second 
coding circuit 1012 and inputted with a set of indexes outputted from the third coding circuit 1003. The respective 
indexes are converted into codes of bit series and outputted via the output terminal 20. 

55 [0108] A sixth embodiment of the invention is realized by expanding the number of bands to N in the fourth embod- 
iment. A constitution of a speech and music signal coder according to the sixth embodiment of the invention can be rep- 
resented by a block diagram shown in Fig. 15. In this case, respectives of the first coding circuit 1 01 1 through an (N-1)- 
th coding circuit 1014 are equivalent to Fig. 12. An N-th coding circuit 1005 is equivalent to Fig. 9. A code outputting 
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circuit 2905 is inputted with an index outputted from the linear prediction coefficient calculating circuit 1 70, inputted with 
sets of indexes outputted fronn respectives of the first coding circuit 101 1 through the (N-l)-th coding circuit 1014 and 
inputted with a set of indexes outputted from the N-th coding circuit 1005. Further, the respective indexes are converted 
into codes of bit series and outputted via the output temiinal 20. 

[0109] Fig. 1 6 is a blocic diagram showing a constitution of a speech and music signal coder according to a seventh 
embodiment of the invention. A block surrounded by dotted lines in the drawing is refen-ed to as a pitch prediction fitter. 
Fig. 1 6 is provided by adding the pitch prediction filter to Fig. 3. In the following, an explanation will be given of a storing 
circuit 510, a pitch signal generating circuit 112, a third gain circuit 162. an adder 1 84, a first minimizing circuit 550 and 
a code outputting circuit 590 which are blocks different from those in Fig. 3. 

[0110] The storing circuit 51 0 inputs a fifth sound source signal from the adder 1 84 and holds the fifth sound source 
signal. The storing circuit 510 outputs the frfth sound source signal which has been inputted in the past and held to the 
pitch signal generating circuit 112. 

[0111] The pitch signal generating circuit 1 12 is inputted with the past fifth sound source signal held in the storing 
circuit 510 and an index outputted from the first minimizing circuit 550. The index designates a delay "d". Further, as 
shown in Fig. 32, in the past fifth sound source signal, a first pitch vector is generated by cutting out a signal of L sample 
in correspondence with a vector length from a point which is past from a start point of a current frame by d sample. In 
this case, in the case of d<L, a signal of d sample is cut out, the cut-out d sample is repeatedly connected and the first 
pitch vector having the vector length of L sample is generated. The pitch signal generating circuit 1 12 outputs the first 
pitch vector to the third gain circuit 162. 

[0112] The third gain circuit 162 is provided with a table stored with values of gains. The third gain circuit 162 is 
inputted with an index outputted from the first minimizing circuit 550 and the first pitch vector outputted from the pitch 
signal generating circuit 1 12. A third gain in conrespondence with the index Is read from the table, the third gain is mul- 
tiplied by the first pitch vector to thereby form a second pitch vector and the generated second pitch vector is outputted 
to the adder 1 84. 

[0113] The adder 184 is inputted with the second sound source vector outputted from the first gain circuit 160 and 
the second pitch vector outputted from the third gain circuit 162. The adder 184 calculates a sum of the second sound 
source vector and the second pitch vector, constitutes a fifth sound source vector by the value and outputs the sound 
source vector to the first band pass filter 120. 

[01 1 4] In the first minimizing circuit 550, indexes in correspondence with all of the first sound source vectors stored 
in the firet sound source generating vector 1 10 are successively outputted to the first sound source generating circuit 
110. Indexes in conrespondence with all of the delays "d" in a range prescribed in the pitch signal generating circuit 112. 
are successively outputted to the pitch signal generating circuit 1 1 2. Indexes in correspondence with all of the first gains 
stored In the first gain circuit 1 60 are successively outputted to the first gain circuit 1 60. Indexes in con^spondence with 
all of third gains stored In the third gain circuit 162 are successively outputted to the third gain circuit 162. Further, the 
first minimizing circuit 550 successively inputs the first weighted difference vectors outputted from the weighting filter 
140 and calculates the norm. The first minimizing circuit 550 selects the first sound source vector, the delay "d", the first 
gain and the third gain minimizing the norm, summarizes indexes in correspondence therewith and outputs the indexes 
to the code outputting circuit 590. 

[01 1 5] The code outputting circuit 590 is inputted with an index in correspondence with the quantized linear predic- 
tion coefficient outputted from the linear prediction coefficient calculating circuit 1 70. The code outputting circuit 590 is 
inputted with the indexes outputted from the first minimizing circuit 550 and in correspondence with respectives of the 
first sound source vector, the delay "d", the first gain and the third gain. The code outputting circuit 590 is inputted with 
a set of indexes outputted from the orthogonal transformation coefficient quantizing circuit 260 and constituted by 
indexes of shape code vectors and quantization gains in correspondence with Nsbv pieces of subvectors. Further, the 
respective indexes are converted into codes in bit series and outputted via the output terminal 20. 
[0116] Fig. 1 7 is a block diagram showing a constitution of a speech and music signal coder according to an eighth 
embodiment of the invention. In the following, an explanation will be given of a down-sampling circuit 780. a first linear 
prediction coefficient calculating circuit 770, a first linear prediction syntiiesis filter 132, a third differencer 183, an up- 
sampling circuit 781, a first differencer 1 80. a second linear prediction coefficient calculating circuit 771, a third linear 
prediction coefficient calculating circuit 772, a linear prediction inverse filter 730 and a code outputting circuit 790 which 
are blocks different from those in Fig. 16. 

[0117] The down-sampling circuit 780 receives an input vector from the input terminal 10 and outputs a second 
input vector provided by down-sampling the input vector and having a first band to the first linear prediction coefficient 
cateulating circuit 770 and the third differencer 1 83. Here, the first band is set to Fsl [Hz] through Fe1 [Hz] similar to tiie 
first embodiment and a band of the input vector is set to FsO [Hz] through FeO [Hz] (third band). With regard to a con- 
stitution of the down-sampling circuit, a description is given to paragraph 4.1.1 of a Reference (Reference 6) titled as 
"Multirate Systems and Filter Banks" by RR Vaidyanathan. 

[0118] The first linear prediction coefficient calculating circuit 770 receives the second input vector from the down- 
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sampling circuit 780. carries out linear prediction analysis with regard to the second input vector, calculates a first linear 
prediction coefficient having the first band, further, quantizes the first linear prediction coefficient and calculates a first 
quantized linear prediction coefficient. The first linear prediction coefficient calculating circuit 770 outputs the first linear 
prediction coefficient to the first weighting filter 140 and outputs an index in correspondence with the first quantized lin- 
5 ear prediction coefficient to the first linear prediction synthesis filter 132. the linear prediction inverse filter 730 and the 
third linear prediction coefficient calculating circuit 772 and the code outputting circuit 790. 

[01 1 9] The first linear prediction synthesis filter 1 32 is provided with a table stored with first quantized linear predic- 
tion coefficients. The first linear prediction synthesis filter 132 is inputted with the fifth sound source vector outputted 
from the adder 184 and the index in con'espondence with the first quantized linear prediction coefficient outputted from 
10 the first linear prediction coefficient calculating circuit 770. Further, the first linear prediction synthesis filter 132 reads a 
first quantized linear prediction coefficient in correspondence with the index from the table and drives the synthesis filter 
set with the first quantized linear prediction coefficient by the fifth sound source vector to thereby form a first reproduced 
vector having the first band. Further, the first reproduced vector is outputted to the third differencer 1 83 and the up-sam- 
pling circuit 781. 

IS [0120] The third differencer 183 receives the first reproduced vector outputted from the first linear prediction syn- 
thesis filter 132 and the second input vector outputted from the down-sampling circuit 780, calculates a difference ther- 
ebetween and outputs the difference as a second difference vector to the weighting filter 140. 

[0121] The up-sampling circuit 781 receives the first reproduced vector outputted from the first linear prediction 
synthesis filter 132, upsamples the first reproduced vector and generates a third reproduced vector having a third band. 
20 In this case, the third band falls in a range of FsO [Hz] through FeO [Hz]. The up-sampling circuit 781 outputs the third 
reproduced vector to the first differencer 180. With regard to a constitution of the up-sampling circuit, a description is 
given to paragraph 4,1.1 of the reference (Reference 6) titled as "Multirate systems and Filter Banks' by RR Vaidy- 
anathan. 

[0122] The first differencer 1 80 receives the input vector via the input terminal 10 and the third reproduced vector 
25 outputted from the up-sampling circuit 781, calculates a difference therebetween and outputs the difference as a first 
difference vector to the linear prediction inverse filter 730. 

[0123] The second linear prediction coefficient calculating circuit 771 receives the input vector from the input tenni- 
nal 1 0, carries out linear prediction analysis with respect to the input vector, calculates a second linear prediction coef- 
ficient having the third band and outputs the second linear prediction coefficient to the third linear prediction coefficient 
30 calculating circuit 772. 

[0124] The third linear prediction coefficient calculating circuit 772 is provided with a table stored with first quantized 
linear prediction coefficients. The third linear prediction coefficient calculating circuit 772 is inputted with the second lin- 
ear prediction coefficient outputted from the second linear prediction coefficient calculating circuit 771 and the index in 
con*espondence with the first quantized linear prediction coefficient outputted from the first linear prediction coefficient 

35 calculating circuit 770. The third linear prediction coefficient calculating circuit 772 reads a first quanfized linear predic- 
tion coefficient in correspondence with the index from the table, converts the first quantized linear prediction coefficient 
into LSP, further and subjects LSP to sampling frequency conversion to thereby form first LSP in correspondence with 
a sampling frequency of the input signal. Further, the third linear prediction coefficient calculating circuit 772 converts 
the second linear prediction coefficient into LSP and generates a second LSP. The third linear prediction coefficient cal- 

40 culating circuit 772 calculates a difference between second LSP and first LSR A difference value thereof is defined as 
third LSR Here, with regard to the sampling frequency conversion of LSP, a description is given to Japanese Patent 
Application No. 202475/1997 (Reference 7). The third LSP is quantized and the quantized third LSP is converted into 
a linear prediction coefficient and a third quantized linear prediction coefficient having the third band is generated. Fur- 
ther, the index in conrespondence with the third quantized linear prediction coefficient is outputted to the linear predic- 

45 tion inverse filter 730 and the code outputting circuit 790. 

[0125] The linear prediction inverse filter 730 is provided with a first table stored with first quantized linear prediction 
coefficients and a second table stored with third quantized linear prediction coefficients. The linear prediction inverse 
filter 730 is inputted with a first index in correspondence with the first quantized linear prediction coefficient outputted 
from the first linear prediction coefficient calculating circuit 770 and a second index in conrespondence with the third 

so quantized linear prediction coefficient outputted from the third linear prediction coefficient calculating circuit 772 and the 
first difference vector outputted from the first differencer 180. The linear prediction inverse filter 730 reads a first quan- 
tized linear prediction coefficient in conrespondence with the first index from the first table, converts the first quantized 
linear prediction coefficient into LSP, further, subjects LSP to sampling frequency conversion to thereby generate first 
LSP in correspondence with the sampling frequency of the input signal. Further, the third quantized linear prediction 

55 coefficient in correspondence with the second index is read from the second table and converted into LSP to thereby 
generate third LSR Next, the first LSP and the third LSP are added together to thereby generaate second LSP. The lin- 
ear prediction inverse filter 730 converts the second LSP into a linear prediction coefficient and generates a second 
quantized linear prediction coefficient. The linear prediction inverse filter 730 generates a first residue vector by driving 
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the inverse filter set with the second quantized linear prediction coefficient by the first difference vector. The first residue 
vector is outputted to the orthogonal transfbnmation circuit 240. 

[0126] The code outputting circuit 790 is inputted with the index in correspondence with the first quantized linear 
prediction coefficient outputted from the first linear prediction coefficient calculating circuit 770, the index in con-espond- 

5 ence with the third quantized linear prediction coefficient outputted from the third linear prediction coefficient calculating 
circuit 772, the index outputted from the first minimizing circuit 550 and in correspondence with respectives of the first 
sound source vector, the delay "d", the first gain and the third gain and the set of indexes outputted from the orthogonal 
transformation coefficient quantizing circuit 260 and constituted by indexes of the shape code vectors and the quanti- 
zation gains in correspondence with Nsbv pieces of the subvectors. The respective indexes are converted into codes in 

10 bit series and outputted via the output terminal 20. 

[0127] Fig. 1 8 is a block diagram showing a constitution of a vocal music signal decoding apparatus in correspond- 
ence with the first embodiment by the ninth embodiment of the invention. The decoding apparatus is inputted with codes 
in bit series from the input terminal 30. 

[0128] A code inputting circuit 410 converts codes in bit series inputted from the input terminal 30 into Indexes, An 
15 index in correspondence with the first sound source vector is outputted to the first sound source generating circuit 1 1 0. 
An index in correspondence with the first gain is outputted to the first gain circuit 160. An index in correspondence with 
the quantized linear prediction coefficient is outputted to the linear prediction synthesis filter 130 and the linear predic- 
tion synthesis filter 131 . A set of indexes summarizing indexes in correspondence with respectives of the shape code 
vectors and the quantized gains with regard to the subvectors for Nsbv pieces of the subvectors is outputted to the 
20 orthogonal transfomiation coefficient inverse quantizing circuit 460. 

[0129] The first sound source generating circuit 110 receives the index outputted from the code inputting circuit 
410, reads the first sound source vector in correspondence with the index from a table stored with a plurality of sound 
source vectors and outputs the first sound source vector to the first gain circuit 160. 

[0130] The first gain circuit 160 is provided with a table stored with quantized gains. The first gain circuit 160 
25 receives the index outputted from the code inputting circuit 41 0 and the first sound source vector outputted from the first 
sound source generating circuit 1 1 0, reads the first gain in con^espondence with the index from the table, multiplies the 
first gain by the first sound source vector and generates the second sound source vector. The generated second sound 
source vector is outputted to the first band pass filter 120. 

[0131] The first band pass filter 120 is inputted with the second sound source vector outputted from the first gain 
30 circuit 160. The band of the second sound source vector is restricted to the first band by the fitter to thereby generate 
the first excitation vector. The first band pass filter 1 20 outputs the first excitation vector to the linear prediction synthesis 
fitter 130. 

[0132] An explanation will be given of a constitution of the orthogonal transformation coefficient inverse quantizing 
circuit 460 in reference to Fig. 20. In Rg. 20, there are Nsbv pieces of blocks surrounded by dotted tines. Nsbv pieces 
35 of quantized subvectors prescribed at the band selecting circuit 250 of Rg. 3 by the respective blocks, are represented 
by Equation (1 1 ) as follows. Nsbv pieces of the quantized subvectors are decoded. 

esb.o{n). • • • .e^.N^-i(n).n=0. • • • .L-1 Equation (11) 

40 [0133] A decoding processing with regard to the respective quantized subvectors is common. In the following, an 
explanation will be given of a processing with respect to e'sb.O (n), n=0 L-1. Similar to the processing at the orthog- 
onal transformation coefficient quantizing circuit 260 in Fig. 3, the quantized subvectors e'sb.O (n), n=0 L-1 is repre- 
sented by a product of the shape code vector cOQ] (n) N=0 L-1 and the quantization gain gO[k]. Here, notations "j" 

and "k" represent indexes. An index inputting circuit 4630 inputs a set "if" of indexes constituted by indexes of the shape 

45 code vectors and the quantization gains with regard to Nsbv pieces of the quantized subvectors outputted frorri the code 
inputting circuit 410 via an input tenminal 4650. Further, from the set "if of indexes, an index i sbs.O designating the 
shape code vector COQ] (n), n=0, .... L-1 and an index i sbg.O designating the quantization gain gO[k], are taken out, i 
sbs.O is outputted to a table 461 0 and i sbg.O is outputted to a gain circuit 4620. The table 461 0 is stored with cO(j] (n). 
n=0, L-1 , ]=0 Nc.O-l . The table 4610 inputs the index i sbs.O outputted from the index inputting circuit 4630 and 

50 outputs the shape code vector cOfl] (n), n=0 L-1 . j=i sbs.O in correspondence with i sbs.O to the gain circuit 4620. A 

table provided to the gain circuit 4620 is stored with gO[k], k=0, .... Ng.0-1 . The gain circuit 4620 receives cOQ] (n), n=0, 
.... L-1. i=i sbs.O outputted from the table 4610 and the index i sbg.O outputted from the Index inputting circuit 4630, 
reads the quantization gain g0[k], k=i sbg.O in conrespondence with i sbg.O from the table and outputs the quantized 
subvector e'sb.O (n), n=0, .... L-1 provided by multiplying cO[i] (n) n=0, .... L-1 , j=i sbg.O by gO[k], k=i sbg.O to an all band 

55 vector generating circuit 4640. The all band vector generating circuit 4640 is inputted with the quantized subvectors 
e'sb.O (n), n=:0 L-1 outputted from the gain circuit 4620. Further, the all band vector generating circuit 4640 is input- 
ted with vectors provided by a processing similar to that of e'sb,0 (n), n=0, L-1 and represented by Equation (12) as 
follows. 



17 



EP 1 087 378 A1 

esb.i(n). • • • .e^ N^.,(n).n=0. • • • .L-1 Equation (12) 

[0134] As Shown by Fig. 19. by arranging Nsbv pieces of the quantized subvectors (Equation (11)) in the second 
5 band prescribed by the band selecting circuit 250 in Fig. 3 and arranging null vector to other than the second band, the 
second excitation vector in correspondence with all of the bands (for example, when sampling frequency of reproduc- 
tion signal is 16 kHz, 8 kHz band), is generated and the second excitation vector is outputted to the orthogonal inverse 
transformation circuit 440 via an output terminal 4660. 

[0135] The orthogonal inverse transfomnation circuit 440 receives the second excitation vector outputted from the 
10 orthogonal transformation coeffictent inverse quantizing circuit 460 and subjects the second excitation vector to orthog- 
onal inverse transformation to thereby provide the third excitation vector. Further, the third excitation vector is outputted 
to the linear prediction synthesis filter 131. In this case, as orthogonal inverse transfomnation, inverse discrete cosine 
transform (IDCT) can be used. 

[0136] The linear prediction synthesis filter 1 30 is provided with a table stored with quantized linear prediction coef- 
15 ficients. The linear predtetion synthesized filter 130 is inputted with the first excitation vector outputted from the first 
band pass filter 120 and the index in correspondence with the quantized linear prediction coefficient outputted from the 
code inputting circuit 410. Further, the linear prediction synthesis filter 130 reads the quantized linear prediction coeffi- 
cient in correspondence with the Index from the table and generates the first reproduced vector by driving the synthe- 
sized filter 1/A(z) set with the quantized linear prediction coefficient by the first excitation vector. Further, the first 
20 reproduced vector is outputted to the adder 1 82. 

[0137] The linear prediction synthesis filter 1 31 is provided with a table stored with quantized linear prediction coef- 
ficients. The linear prediction synthesis filter 131 is inputted with the third excitation vector outputted from the orthogo- 
nal inverse transformation circuit 440 and the index in correspondence with the quantized linear prediction coefficient 
outputted from the code inputting circuit 41 0. Further, the linear prediction synthesis filter 1 31 reads the quantized linear 
25 prediction coefficient in con'espondence with the index from the table and generates the second reproduced vector by 
driving the synthesis filter 1/A(z) set with the quantized linear prediction coefficient by the third excitation vector. The 
second reproduced vector is outputted to the adder 182. 

[0138] The adder 1 82 receives the first reproduced vector outputted from the linear prediction synthesized filter 130 
and the second reproduced vector outputted from the linear prediction synthesis filter 131, calculates a sum of these 
30 and outputs the sum as the third reproduced vector via the output terminal 40. 

[0139] Although the ninth embodiment explained in reference to Fig. 18 shows the case in which the number of 
bands is 2. in the following, an explanation will be given of a case in which the number of bands is expanded to 3 or 
more. 

[0140] Rg. 1 8 can be rewritten as shown by Fig. 21 . In this case, a first decoding circuit 1 051 of Fig. 21 is equivalent 
35 to Fig. 22, a second decoding circuit 1052 of Fig. 21 is equivalent to Rg. 23 and the respective blocks constituting Rg. 
22 and Fig. 23 are the same as respective blocks explained in reference to Fig. 18. 

[0141] A tenth embodiment of the invention is realized by expanding the number of bands 1 03 in the ninth embod- 
iment. A constitution of a vocal music signal decoding apparatus according to the tenth embodiment of the invention 
can be represented by a block diagram shown in Fig. 24. In this case, the first decoding circuit 1051 is equivalent to Rg. 

40 22, the second decoding circuit 1052 is equivalent to Fig. 22 and a third decoding circuit 1053 is equivalent to Fig. 23. 
The code input circuit 4101 converts codes in bit series inputted from the input terminal 30 into Indexes, outputs an 
Index in correspondence with the quantized linear prediction coefficient to the first decoding circuit 1051, the second 
decoding circuit 1 052 and the third decoding circuit 1 053. outputs indexes in correspondence with sound source vectors 
and gains to the first decoding circuit 1 051 and the second decoding circuit 1 052 and outputs a set of indexes in conre- 

45 spondence with the shape code vectors and the quantization gains with regard to the subvectors to the third decoding 
circuit 1053. 

[0142] An eleventh element of the invention is realized by expanding a number of bands to N in the ninth embodi- 
ment. A constitution of a vocal music signal decoding apparatus according to the eleventh embodiment of the Invention 
can be represented by a block diagram shown in Fig. 25. In this case, respectives of the first decoding circuit 1051 

50 through an (N-l)-th decoding circuit 1054 are equivalent to Rg. 22 and an N-th decoding circuit 1055 is equivalent to 
Fig. 23. The code inputting circuit 41 02 converts codes in bit series inputted from the input terminal 30 into indexes, out- 
puts an index in correspondence with the quantized linear prediction coefficient to respectives of the first decoding cir- 
cuit 1051 through the (N-l)-th decoding circuit 1054 and the N-th decoding circuit 1055, outputs indexes In 
correspondence with the sound source vectors and the gains to respectives of the first decoding circuit 1051 through 

55 the (N-1 )-th decoding circuit 1 054 and outputs a set of indexes in correspondence with the shape code vectors and the 
quantization gains of the subvectors to the N-th decoding circuit 1055. 

[0143] Although according to the ninth embodiment, the first decoding circuit 1 051 in Fig. 21 is based on a decod- 
ing system in con-espondence with the coding system using the A-b-S method, a decoding system in correspondence 
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with a coding system other than the A-b-S method is applicable also to the first decoding circuit 1 051 . In the following, 
an explanation will be given of a case in which a decoding system in correspondence with the coding system using time 
frequency conversion Is applied to the first decoding circuit 1051. 

[0144] A twelfth embodiment of the invention is realized tsy applying the decoding system in correspondence with 
5 the coding system using time frequency conversion in the ninth embodiment A constitution of a vocal music signal 
decoding apparatus according to the twelfth embodiment of the invention can be represented by a block diagram shown 
in Fig. 26. In the drawing, a first decoding circuit 1061 is equivalent to Fig. 23 and the second decoding circuit 1052 is 
equivalent to Rg. 23. A code inputting circuit 4103 converts codes In bit series inputted from the input terminal 30 into 
indexes, outputs an index in correspondence with the quantized linear prediction coefficient to the first decoding circuit 
10 1 061 and the second decoding circuit 1 052 and outputs a set of Indexes in correspondence with the shape code vectors 
and the quantization gains with regard to the subvectors to the first decoding circuit 1061 and the second decoding cir- 
cuit 1052. 

[0145] A thirteenth embodiment of the invention is realized by expanding the number of bands to 3 in the twelfth 
embodiment. A constitution of a vocal music signal decoding apparatus according to the thirteenth embodiment of the 

IS invention can be represented by a block diagram shown in Fig. 27. In this case, the first decoding ciicuit 1 061 is equiv- 
alent to Fig. 23, the second decoding circuit 1 062 is equivalent to Fig. 23 and a third decoding circuit 1 053 is equivalent 
to Fig. 23. The code inputting circuit 4104 converts codes in bit series inputted from the input terminal 30 into indexes, 
outputs an index in correspondence with the quantized linear prediction coefficient to the first decoding circuit 1061 , the 
second decoding circuit 1062 and the third decoding circuit 1053 and outputs a set of indexes in correspondence with 

20 the shape code vectors and the quantization gains with regard to the subvectors to the first decoding circuit 1061 , the 
second decoding circuit 1062 and the third decoding circuit 1053. 

[0146] A fourteenth embodiment of the invention is realized by expanding the number of bands to N in the twelfth 
embodiment. A constitution of a vocal music signal decoding apparatus according to the fourteenth embodiment of the 
invention can be represented by a block diagram shown in Fig. 28. In this case, respectives of the first decoding circuit 

25 1061 through an (N-l)-th decoding circuit 1064 are equivalent to Fig. 23 and an N-th decoding circuit 1055 is equivalent 
to Fig. 23. A code inputting circuit 4105 converts codes in bit series inputted from the input tenninal 30 into indexes, 
outputs an index in correspondence with the quantized linear prediction coefficient to respect yes of the first decoding 
circuit 1 061 through the (N-1 )-th decoding circuit 1 064 and the N-th decoding circuit 1 055 and outputs a set of indexes 
in correspondence with the shape code vectors and the quantization gains with regard to the subvectors to respectives 

30 of the first decoding circuit 1 061 through the (N-l )-th decoding circuit 1 064 and the N-th decoding circuit 1 055. 

[0147] Fig. 29 is a block diagram showing a constitution of a vocal music signal decoding apparatus in correspond- 
ence with the seventh embodiment according to a fifteenth embodiment of the invention. In Rg. 29, blocks different from 
those in the ninth embodiment in Fig. 18 are the storing circuit 510. the pitch signal generating circuit 112, the third gain 
circuit 162. the adder 184 and a code inputting circuit 610, however, the storing circuit 510. the pitch signal generating 

35 circuit 112, the third gain circuit 162 and the adder 184 are similar to those in Fig. 16 and accordingly, an explanation 
thereof will be omitted and an explanation will be given of the coding inputting circuit 610. 

[0148] The code inputting circuit 610 converts codes in bit series inputted from the input terminal 30 into indexes. 
An index in correspondence with the first sound source vector is outputted to the first sound source generating circuit 
1 10. An index in correspondence with the delay 'd* is outputted to the pitch signal generating circuit 1 12. An index in 

4o correspondence with the first gain is outputted to the first gain circuit 160. An index in correspondence with the third 
gain is outputted to the third gain circuit 1 62. An index in correspondence with the quantized linear prediction coefficient 
is outputted to the linear prediction synthesis filter 130 and the linear prediction synthesis filter 131. A set of indexes 
summarizing indexes in correspondence with respectives of the shape code vectors and the quantization gains with 
regard to the subvectors for Nsbv pieces of the subvectors, is outputted to the orthogonal transformation coefficient 

45. inverse quantizing circuit 460. 

[0149] Fig. 30 is a block diagram showing a constitution of a vocal music signal decoding apparatus in correspond- 
ence with the eighth embodiment according to a sixteenth embodiment of the invention. In the following, an explanation 
will be given of a code inputting circuit 81 0, the first linear prediction coefficient synthesis filter 132, an up-sampling cir- 
cuit 781 and a second linear prediction synthesis filter 831 which are blocks different from those in Fig. 29. 

50 [0150] The code inputting circuit 81 0 converts codes in bit series inputted from the input terminal 30 into indexes. 
An index in correspondence with the first sound source vector is outputted to the first sound source generating circuit 
1 10. An index in correspondence with the delay "d" is outputted to the pitch signal generating circuit 112. An index in 
conrespondence with the first gain is outputted to the first gain circuit 160. An index in correspondence with the third 
gain is outputted to the third gain circuit 1 62. An index in correspondence with the first quantized linear prediction coef- 

55 ficient is outputted to the first linear prediction synthesis filter 132 and the second linear prediction synthesis filter 831 . 
An index in correspondence with the third quantized linear prediction coefficient is outputted to the second linear pre- 
diction synthesis filter 831 . A set of indexes summarizing indexes in correspondence with respectives of the shape code 
vectors and the quantization gains with regard to the subvectors for Nsbv pieces of the subvectors, is outputted to 
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orthogonal transformation coefficient inverse quantizing circuit 460. 

[0151] The first linear prediction synthesis filter 132 is provided with a table stored with first quantized linear predic- 
tion coefficients. The first linear prediction synthesis filter 132 is inputted with the fifth sound source vector outputted 
from the adder 184 and the index in correspondence with the first quantized linear prediction coefficient outputted from 
5 the code inputting circuit 810. Further, by reading the first quantized linear prediction coefficient in correspondence with 
the index from the table and driving the synthesis filter set with the first quantized linear prediction coefficient by the fifth 
sound source vector, the first reproduced vector having the first band is provided. Further, the first reproduced vector is 
outputted to the up-sampling circuit 781 . 

[0152] The up-sampling circuit 781 inputs the first reproduced vector outputted from the first linear prediction syn- 
10 thesis filter 132, upsamples the first reproduced vector and provides the third reproduced vector having the third band. 
Further, the third reproduced vector is outputted to the first adder 182. 

[01 53] The second linear prediction synthesis filter 831 is provided with a first table stored with first quantized linear 
prediction coefficients having the first band and a second table stored with third quantized linear prediction coefficients 
having the third band. The second linear prediction synthesis filter 831 is inputted with the third excitation vector output- 

75 ted from the orthogonal inverse transformation circuit 440, the first index in correspondence v/ith the first quantized lin- 
ear prediction coefficient outputted from the code inputting circuit 81 0 and the second index in con^espondence with the 
third quantized linear prediction coefficient. The second linear prediction synthesis filter 831 reads the first quantized 
linear prediction coefficient in correspondence with the first index from the first table, converts the first quantized linear 
prediction coefficient into LSP, further, subjects the converted tirst quantized linear prediction coefficient to sampling fre- 

20 quency conversion to thereby generate first LSP in correspondence with the sampling frequency of the third reproduced 
vector. Further, the third quantized linear prediction coefficient in correspondence with the second index is read from 
the second table and converted into LSP to thereby generate third LSP. Further, second LSP provided by adding first 
LSP and third LSP, is converted into the linear prediction coefficient to thereby generate the second linear prediction 
coefficient. The second linear prediction synthesis filter 831 generates the second reproduced vector having the third 

25 band by driving the synthesis filter set with the second linear prediction coefficient by the third excitation vector. Further, 
the second reproduced vector is outputted to the adder 1 82. 

[0154] The adder 1 82 receives the third reproduced vector outputted from the up-sampling circuit 781 and the sec- 
ond reproduced vector outputted from the second linear prediction synthesis filter 831 , calculates a sum of these and 
outputs the sum as a fourth reproducing vector via the output terminal 40. 

30 

Industrial Applicability 

[0155] According to the invention, a vocal music signal can excellently be coded over all of bands. The reason is 
that a first reproduction signal is generated by driving a linear prediction synthesis filter calculated from an Input signal 
35 by a sound source signal having a band characteristic in correspondence with a low region of the input signal, a residual 
signal is generated by driving an inverse filter of the linear prediction synthesis filter by a differential signal of the input 
signal and the first reproduction signal and a high region component of the residual signal is coded by using a coding 
system based on orthogonal transformation and accordingly, coding performance with regard to the high region com- 
ponent of the input signal is improved. 

40 

Claims 

1. A speech and music signal coder for producing a reproduction signal by driving a linear prediction synthesis filter 
in response to an excitation signal which Is provided by adding a first excitation signal in con-espondence with a first 

45 band of an input signal and a second excitation signal in correspondence with a second band of the input signal, 
said linear prediction synthesis filter setting with a linear prediction coefficient calculated on the basis of said input 
signal, said speech and music signal coder comprising: reproduction signal generating means for reproducing a 
first reproduction signal by driving the linear prediction synthesis fitter in response to the excitation signal in con-e- 
spondence with the tirst band; residual signal generating means for generating a residual signal by driving an linear 

so prediction inverse filter in response to a differential signal indicative of difference between the input signal and the 
first reproduction signal and; coding means for coding a component in correspondence with the second band in the 
residual signal after orthogonal transformation of the component 

2- A speech and music signal coder for producing a reproduction signal by driving a linear prediction synthesis filter 
55 in response to an excitation signal which is provided by adding 3 pieces of excitation signals in correspondence 
with 3 pieces of bands, said speech and music signal coder comprising, said linear prediction synthesis filter setting 
with a linear prediction coefficient calculated on the basis of said input signal, said speech and music signal coder 
comprising: reproduction signal generating means for generating a first and a second reproduction signal by driving 
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the nnear prediction syntheshs filter in response to the excitation signals in correspondence with a first one and a 
second one, of the bands; and coding means for generating a residual signal by driving an linear prediction inverse 
filter in response to a differential signal indicative of difference between an added signal produced by adding the 
first and the second reproduction signals and the input signal and for coding a component in correspondence with 
a third one of the bands in the residual signal after orthogonal transformation of the component. 



3. A speech and music signal coder for producing a reproduction signal by driving a linear prediction synthesis filter 
in response to an excitation signal which is provided by adding N pieces of excitation signals in correspondence 
with N (N designates a natural number of 2 or larger) pieces of bands, said speech and music signal coder com- 
ic prising: reproduction signal generating means for generating a first through an {N-1 )-th reproduction signal by driv- 
ing the linear prediction synthesis filter in response to the excitation signals in correspondence with a first through 
an (N-1 )-th band; and N-th coding means for generating a residual signal by driving a linear prediction inverse filter 
In response to a differential signal indicative of difference between a signal produced by adding the first through the 
(N-l)-th reproduction signals and the input signal and for coding a component in correspondence with an N-th band 

15 in the residual signal after orthogonal transformation of the component. 

4. A speech and music signal coder for producing a reproduction signal by driving a linear prediction synthesis filter 
in response to an excitation signal which is provided by adding 2 pieces of excitation signals in correspondence 
with 2 pieces of bands, said speech and music signal coder comprising: means for calculating a difference of a first 

20 coded decoding signal and the input signal (1 80 of Fig. 31); and coding means for generating a residual signal by 
driving a linear prediction inverse filter in response to the differential signal and for coding a component in corre- 
spondence with an arbitrary one of the bands in the residual signal after subjecting the component to orthogonal 
transformafion. 



25 5. A speech and music signal coder characterized in that in a speech and music signal coder for generating a repro- 
duction signal by driving a linear prediction synthesis filter calculated on the basis of an input signal in response to 
an excitation signal provided by adding 3 pieces of excitation signals in con-espondence with 3 pieces of bands, 
said speech and music signal coder comprising: means for calculating a differential signal indicative of difference 
between a signal produced by adding a first and a second coded decoding signal and the input signal; and coding 

30 means for generating a residual signal by driving a linear prediction inverse filter calculated on the basis of the input 
signal by the differential signal and for coding a component in correspondence with an arbitrary band in the residual 
signal after orthogonal transformation of the component. 

6. A speech and music signal coder for producing a reproduction signal by driving a linear prediction synthesis filter 
35 in response to an excitation signal which is provided by adding N pieces of excitation signals in correspondence 

with N (N designates a natural number of 2 or larger) pieces of bands, said speech and music signal coder com- 
prising: differential signal calculating means for calculating a differential signal indicative of difference between a 
signal produced by adding a first through an (N-l)-th coded decoding signal and the input signal; and N-th coding 
means for generating a residual signal by driving an inverse filter of the linear prediction synthesis filter on the basis 
40 of the input signal in response the differential signal and for coding a component in correspondence with an arbi- 
trary band in the residual signal after orthogonal transformation of the component 

7. The speech and music signal coder as claimed in claim 1 , wherein: a pitch prediction filter is used in generating the 
excitation signal in correspondence with the first band of the input signal. 

45 

8. A speech and music signal coder comprising: second input signal generating means for generating a second input 
signal by down-sampling a first input signal sampled at a first sampling frequency to a second sampling frequency; 
first reproduction signal generating means for generating a first reproduction signal by driving a synthesis filter set 
with a first linear prediction coefficient calculated on the basis of the second input signal in response to an excitation 

50 signal; second reproduction signal generating means for generating a second reproducfion signal by up-sampling 
the first reproduction signal to the first sampling frequency; third linear prediction coefficient calculating means for 
calculating a third linear prediction coefficient on the basis of a difference of the first linear prediction coefficient and 
a second linear prediction coefficient provided by converting a sampling frequency to the first sampling frequency; 
residual signal generating means for calculating a fourth linear prediction coefficient on the basis of a sum of the 

55 second linear prediction coefficient and the third linear prediction coefficient and for generating a residual signal by 
driving an inverse filter set with the fourth linear prediction coefficient on the basis of a differential signal indicative 
of difference between the first input signal and the second reproduction signal; and coding means for coding a com- 
ponent in correspondence with an arbitrary band in the residual signal after orthogonal transformation of the com- 
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ponent. 



9. A speech and music signal decoder for generating a reproduction signal by driving a linear prediction synthesis fil- 
ter in response to an excitation signal provided by adding an excitation signal in correspondence with a first band 
and an excitation signal in correspondence with a second band, said speech and music signal decoder comprising: 
excitation signal generating means for generating the excitation signal in con^espondence with the second band by 
subjecting a decoding signal and an orthogonal transformation coefficient to orthogonal inverse transformation; 
second reproduction signal generating means for generating a second reproduction signal by driving the linear pre- 
diction synthesis filter in response to the excitation signal; first reproduction signal generating means for generating 
a first reproduction signal by driving the linear prediction filter in response to the excitation signal in con^espondence 
with the first band; and speech and music decoded signal generating means for generating speech and music 
decoded signal by adding the first reproduction signal and the second reproduction signal. 

10. A speech and music signal decoder for generating a reproduction signal by driving a linear prediction synthesis fil- 
ter in response to an excitation signal provided by adding 3 pieces of excitation signals in correspondence with a 
first through a third band, said speech and music signal decoder comprising: first and second reproduction signal 
generating means for generating a first and a second reproduction signal by driving the linear prediction filter in 
response to the excitation signals in correspondence with the first and the second bands; third reproduction signal 
generating means for generating the excitation signal in correspondence with the third band by subjecting a 
decoded orthogonal transformation coefficient to orthogonal inverse transformation, and for generating a third 
reproduction signal by driving the linear prediction synthesis filter in response to the excitation signal; and speech 
and music decoded signal generating means for generating a speech and music decoded signal by adding the first 
through the third reproduction signals. 

11- A speech and music signal decoder for generating a reproduction signal by driving a linear prediction synthesis fil- 
ter in response to an excitation signal provided by adding N pieces of excitation signals in correspondence with first 
through an N-th band, said speech and music signal decoder comprising: N-th reproduction signal generating 
means for generating an excitation signal in correspondence with the N>th band by subjecting a decoded orthogo- 
nal transformation coefficient to orthogonal inverse transformation and for generating an N-th reproduction signal 
by driving the linear prediction synthesis filter in response to the excitation signal; first through (N-1 )-th reproduction 
signal generating means for generating a first through an (N-1)-th reproduction signal by driving the linear predic- 
tion filter in response to the excitation signals in con-espondence with the first through the {N-1)-th bands; and 
speech and music decoded signal generating means for generating a speech and music decoded signal by adding 
the first through the N-th reproduction signals. 

12. A speech and music signal decoder for generating a reproduction signal for generating a reproduction signal by 
driving a linear prediction synthesis filter in response to an excitation signal provided by adding excitation signals 
in correspondence with a first and a second band, said speech and music signal decoder comprising: reproduction 
signal generating means for generating an excitation signal by subjecting a decoded orthogonal transfonnation 
coefficient to orthogonal inverse transformation and for generating a second reproduction signal by driving a linear 
prediction synthesis filter by the excitation signal; and speech and music decoded signal generating means for gen- 
erating a speech and music decoded signal by adding the second reproduction signal and a first reproduction sig- 
nal from first reproduction signal generating means. 

13. A speech and music signal decoder for generating a reproduction signal by driving a linear prediction synthesis fil- 
ter in response to an excitation signal provided by adding excitation signals In correspondence with a first through 
a third band, said speech and music signal decoder comprising: third reproduction signal generating means for 
generating the excitation signal by subjecting a decoded orthogonal transformation coefficient to orthogonal 
inverse transformation and for generating a third reproduction signal by driving the linear prediction synthesis filter 
in response to the excitation signal; and speech and music signal generating means for generating a speech and 
music signal by adding a first and a second reproduction signal respectively outputted from first and second repro- 
duction signal generating means. 

14- A speech and music signal decoder for generating a reproduction signal by driving a linear prediction synthesis fil- 
ter in response to an excitation signal provided by adding N pieces of excitation signals In con-espondence with a 
first through an N-th band; N-th reproduction signal generating means for generating the excitation signal by sub- 
jecting a decoded orthogonal transformation coefficient to orthogonal inverse transformation and for generating an 
N-th reproduction signal by driving the linear prediction synthesis filter in response to the excitation signal; and 
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speech and music decoded signal generating means for generating a speech and music decoded signal by adding 
the N-th reproduction signal and a first through an (N-1)-th reproduction signal. 



15. A speech and music signal decoder as claimed in claim 9, wherein a pitch prediction filter is used in generating the 
5 excitation signal in correspondence with the first band. 

16. A speech and music signal decoder comprising: first reproduction signal generating means for up-sampling a sig- 
nal provided by driving a first linear prediction synthesis filter in response to a first excitation signal in correspond- 
ence with a first band to a first sampling frequency and for generating a reproduction signal; second reproduction 

10 signal generating means for generating a second excitation signal in correspondence with a second band by sub- 
jecting a decoded orthogonal transformation coefficient to orthogonal inverse transformation and for generating a 
second reproduction signal by driving a second linear prediction synthesis filter in response to the second excita- 
tion signal; and speech and music decoded signal generating means for generating a speech and music decoded 
signal by adding the first and the second reproduction signal. 

IS 

17. A speech and music signal coding/decoding apparatus comprising: a speech and music signal coder as claimed in 
claim 1 ; and a speech and music signal decoder as claimed in claim 9; said decoder decoding a code outputted 
from said coder. 

20 18. A speech and music signal coding/decoding apparatus comprising: a speech and music signal coder as claimed in 
claim 2; and a speech and music signal decoder as claimed in claim 10; said decoder decoding a code outputted 
from said coder. 

19. A speech and music signal coding/decoding apparatus comprising: a speech and music signal coder as claimed in 
25 claim 3; and a speech and music signal decoder as claimed in claim 11; said decoder decoding a code outputted 

from said coder. 

20. A speech and music signal coding/decoding apparatus comprising: a speech and music signal coder as claimed in 
claim 4; and a speech and music signal decoder as claimed in claim 12; said decoder decoding a code outputted 

30 from said coder. 

21. A speech and music signal coding/decoding apparatus comprising: a speech and music signal coder as claimed in 
claim 5; and a speech and music signal decoder as claimed in claim 13; said decoder decoding a code outputted 
from said coder. 

35 

22. A speech and music signal coding/decoding apparatus comprising: a speech and music signal coder as claimed in 
claim 6; and a speech and music signal decoder as claimed in claim 14; said decoder decoding a code outputted 
from said coder. 

40 23. A speech and music signal coding/decoding apparatus comprising: a speech and music signal coder as claimed in 
claim 7; and a speech and music signal decoder as claimed in claim 15; said decoder decoding a code outputted 
from said coder. 

24. A ^eech and music signal coding/decoding apparatus comprising: a speech and music signal coder as claimed in 
45 claim 8; and a speech and music signal decoder as claimed in claim 16; said decoder decoding a code outputted 
from said coder. 
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